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ABSTRACT: 

CHG DATE=19990617 STATUS=0> A circuit arrangement for automatically adapting 
the volume of a loudspeaker to an interfering noise level prevailing at the 
loudspeaker location is specified, particularly for mobile radio receivers such 
as car radios or the like, which exhibits an adjustable function network (18) 
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with a transfer function, which generates a correcting variable for a volume 
controller (1 1) in dependence on the interfering noise level in such a manner 
that the useful voltage level at the loudspeaker is logically combined with the 
interfering noise level via a predetermined characteristic. For the purpose of 
adapting the volume to the interfering noise level in accordance with an 
individual characteristic which can be automatically adapted to the situation 
in an internal vehicle space and to the requirements and the auditory sensation 
of the motor vehicle passengers, a curve adaptor (19) is connected to the 
function network (18) and a volume control (12), which adjusts the function 
network (18) in such a manner that the predetermined characteristic can be 
modified at least section by section in dependence on the operation of the 
volume control (Figure 1). <IMAGE> 
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(§) Schaltungsanordnung zum selbsttatigen Anpassen der Lautstarke eines Lautsprechers an einen am 
Lautsprecherort herrschenden Storgerauschpegel 
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Es wird eine Schaltungsanordnung zum selbsttatigen 
Anpassen der Lautstarke eines Lautsprechers an einen am 
Lautsprecherort herrschenden Storgerauschpegel, insbe- 
sonderefur mobile Rundfunkempfanger, wie Autoradios od. 
dgl., an^egeben, der em einsteltbares Funktionsnetzwerk 
(IB) mit Ubertragungsfunktion aufweist, das eine Stellgrd&e 
fur einen Lautstarkeregter (11) in Abhangigkeit von dem 
Storgerauschpegel derart generiert. daft der Nutzspan- 
nungspegel am Lautsprecher mit dem Storgerauschpegel 
uber eine vorgegebene Kennlinie verknupft ist. Zum Zwecke 
der Anpassung der Lautstarke an den Storgerauschpegel 
nach etner individuellen, an die Gegebenheiten eines Kraft- 
fahrzeuginnenraums und an die Bedurfnisse und das Hor- 
empftnden des Kraftfahrzeuginsassen automatisch adap- 
tterbaren Kennlinie, ist mit dem Funktionsnetzwerk (IB) und 
einem Lautstarkesteller (12) ein Kennlinienadapter (19) ver- 
bunden, der das Funktionsnetzwerk (18) derart einstellt, da& 
die vorgegebene Kennlinie in Abhangigkeit von der Betati- 
gung des E-autstarkestellers zumindest abschnittweise mo- 
dif izierbar ist (Rg. 1 ). 
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iJ Schaltungsanordnung zum selbsttatigen Anpassen 
" der Lautstarke eines Lautsprechers an einen 
am Laiitsprecherort herrschenden Storgerausch- 
pegel/ insbesondere fiir mobile Rundftinkempf an- 
ger, wie Autoradios od.dgl., mit einem dem 
Lautsprecher zugeordneten Lautstarkeregler mit 
darauf einwirkendem manuellen Lautstarkesteller, 
rait einem zugleich das Storgerausch tmd das 
Lautsprechersignal erfassenden Mikrofon, mit einer 
die jeweils gleichgerichtete und/oder quadrierte 
Mikrofonausgangsspannxmg und Lautsprechereingangs- 
spannxing mit entgegengesetzter PolaritSt ver- 
knupfenden Soimmierschaltung, aus deren Ausgangs- 
spann\ing eine dem Lautstarkeregler zugef iitirte 
StellgroiSe abgeleitet ist, und mit einem im Ver- 
bindungszweig von Lautsprecher eingang und Suramier- 
schaltungseingang angeordneten Spannungsverstarker 
mit einstellbarer Spannungsverstarkung, d a - 
durch gekennzeichnet, dafi die 
Ausgangsspannung der Summierschaltting (15) einem 
zwischen Summierschaltung (15) und Lautstarkereg- 
ler (11) eingeschalteten Funktionsnetzwerk (18) mit 
einstellbarer Ubertragungsf unktion zugefiihrt ist, 
der die Stellgrb^e derart generiert, daB die Nutz- 
spannung (U^j^^^^ ^ Ausgang des Lautstarkereglers (11) 
iiber eine vorgegebene Stellkennlinie mit der Ausgangs- 
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spannung (^^^5^) cler Summierschaltung {15) ver- 
kniipft ist, und daB mit dem Lautstarkesteller (12) 
vmd dem Funktionsnetzwerk (18) ein das Punktions- 
netzwerk (18) derart einstellender Kennlinien- 
5 adapter (22) verbimden ist, da6 die vorgegebene 

Stellkennlinie in Abhangigkeit von der Betatigung 
des Lauts tar kes tellers (12) zumindest abschnitt- 
weise modif izierbar ist. 

2. Schaltxingsanordniing nach Anspruch 1, dadurch 
10 gekennzeichnet, daB die Stellkenn- 

linie in drei Kennlinienabschnitte (a,b,c) unter- 
teilt ist, dafi in einem ersten Abschnitt (a) der 
Nutzspannungspegel (^j^^^^^ ^ Ausgang des LautstMr- 
kereglers (11) einen von der Einstellung des Laut- 
15 starkestellers (12) abhangigen Betrag aufweist, daE 

in einem zweiten Abschnitt (b) der Nutzspannungs- 
pegel (Ujj^tz^ proportional dem Spannungspegel (Ug^^^) 
am Ausgang der Summierschaltung (15) ist:, daB in 
einem dritten Abschnitt (c) der Nutzspannungspe- 

20 ael (U ^ ) auf einen maximalen Betrag begrenzt ist 

^ ^ Nutz 

und dali die drei Kennlinienabschnitte (a,b,c) mit 
von Null an zxinehmendem Spannxingspegel (^stor^ ^ 
Ausgang der Summierschaltung (15) nachelnander 
durchlaufen werden. 

25 3, Schaltungsanordnung nach Anspruch 2, da- 
durch gekennzeichnet, daB die 
Zuordnung der Kennlinienabschnitte (a,b,c) zu dem 
Nutzspannungspegel (U^^^z^ Spannungs- 
pegel (^Js^5i-) ™ Ausgang der Summierschaltung (15) 

30 jeweils logarithmisch vorgenommen ist. 
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4. Schaltungsanordnung nach Anspruch 3/ d a - 

durch gekennzeichnet, daB der 
Kennlinienadapter (19) derart ausgebildet ist, 
daB er bei am A\3sgang der Svunmierschaltting (15) an- 
stehenden Spannungspegelwerten (Ug^^^^) . die dem 
zweiten Kennlinienabschnitt (b) zugehorig sind, 
das FunktionsnetzwerX (18) so einstellt, daB sich 
die vorgegebene Stellkennlinie insgesamt zu klei- 
neren Spannungspegelwerten (U^^^^) verschiebt, 
wenn der Lautstarkesteller (12) hauf iger zur 
Lautstarkeerhohung als zur Lautstarkereduzierting 
verstellt wird, \ind zu groBeren Spannungspegel- 
werten (Ug^^j^) verschiebt, wenn der Lautstarke- 
steller (12) hauf iger zur Lautstarkereduziervmg 
als zur Lautstarkeerhohung verstellt wird. 

5- Schaltungsanordnung nach Anspruch 3 oder 4, 

dadurch gekennzeichnet, daB 
der Kennlinienadapter (19) derart ausgebildet 
ist, daB er bei am Ausgang der Suiranierschaltung (15) 
anstehenden Spannungspegelwerten (U^^^^) , die dem 
dritten Kennlinienabschnitt (c) zugehorig sind, das 
Funktionsnetzwerk(18) derart einstellt, daB der 
Maximalbetrag des Nutzspannungspegels (^^^^^2^ ^ 
Ausgang des Lautstarkereglers (11) vergroBert wird, 
wenn der Lautstarkesteller (12) hauf iger zur Laut- 
starkeerhohiing als zur Lautstarkereduzierung ver- 
stellt wird, xind verkleinert wird, wenn der Laut- 
starkesteller (12) hSLufiger zur Lautstarkereduzie- 
rung als zur Lautstarkeerhohung verstellt wird. 

6. Schaltungsanordnung nach einem der Anspruche 1 - 5, 
dadurch gekennzeichnet, daB 
der Kennlinienadapter (19) einen Schwellwertdis- 
kriminator (25) mit zwei Ausgangen (26,27), an dessen 



> 



- 4 - 



3322055 

R.Kr. 1780 



einem Ausgang (26) ein Signal ansteht, wenn das 
Eingangssignal zwischen einem ersten und zweiten 
Schwellwert liegt, und an dessen anderem Ausgang 
ein Signal ansteht, wenn das Eingangssignal den 
zweiten Schwellwert iibersteigt, und zwei Vor- 
warts-Ruckwarts-Zahler (32,33), deren Zahlinhalte 
jeweils als SteuergroBen {B,C) fiir das Funktions- 
netzwerk (18) am Ausgang (20,21) des Kennlinien- 
adapters (19) anliegen, aufweist, daB der Eingang 
(24) des Schwellwertdiskriminators (25) mit dem 
Ausgang der Summierschaltxing (15) verbunden ist 
und die Ausgange (26,27) des Schwellwertdiskrimi- 
nators (25) iiber jeweils ein Torglied (30,31) an 
jeweils einem Zahleingang der Vorwarts-Riickwarts- 
Zahler (32,33) angeschlossen sind, daB der Laut- 
starkeregler (12) derart ausgebildet ist, daB mit 
jeder Verstellxing ein die Verstellrichtung (laut/ 
leise) charakterisierendes Steuersignal und min- 
destens ein Zahlimpuls ausgegeben werden, xind daB 
das Steuersignal an dem Zahlrichtungseingang der 
Vorwarts-RuckwSrts-Zahler (32,33) und der Zahl^ 
impuls am Steuereingang der Torglieder (30,31) 
liegt. 

Schaltxingsanordnung nach Anspruch 7, d a ^ 
durch gekennzeichnet^ daB der 
Schwellwertdiskriminator (25) von einem Fenster^ 
komparator (28) luid einem Komparator (29) gebildet 
sind* 

Schaltungsanordnung nach einem der Anspriiche 1-7, 
dadurch gekennzeichnet, daB 
der Steuereingang des Spannungsverstarkers (16) 
mit einem Abgleichkreis (17) verbunden ist, der 
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die Spannungsverstarkung laufend derart nach- 
stellt, daB die in der Mikrofonausgangsspannimg 
enthaltene, vom Lautsprecher signal herruhrende 
Nutzspannungskomponente in der Stunmierschaltung 
(15) vollstandig kompensiert wird. 
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Schaltungsanordnung zum selbsttatigen Anpassen 
der Lautstarke eines Lautsprechers an einen am 
Lautsprecherort herrschenden Storgerauschpegel 



Die Erfindung betrifft eine Schaltungsanordnung 
5 zum selbsttatigen Anpassen der Lautstarke eines 

Lautsprechers an einen am Lautsprecherort herrschen- 
den Storgerauschpegel, insbesondere fiir mobile 
Rundfunkempfanger, wie Autoradios od.dgl., der 
im Oberbegriff des Anspruchs 1 definierten Gattung. 



10 Mit einer solchen Schaltungsanordnung wird die Laut- 
starke entsprechend dem Gerauschpegel in der Umge- 
bung des Lautsprechers so eingestellt, dafi der Wieder- 
gabepegel des Lautsprechers, also der Nutzsignalpegel 
immer um einige Dezibel (dB) hoher liegt als der Stor- 

15 gerauschpegel. Dadurch wird das vom Lautsprecher abge- 
strahlte Nutzsignal von dem Horenden, unabliangig von 
dem jeweiligen Starkegrad der Umweltgerausche, in 
etwa immer gleich laut empfunden. Insbesondere fiir den 
mobilen Betrieb des beispielsweise mit einem Rundfxink- 

20 empfanger verbundenen Lautsprechers bedeutet dies eine 
wesentliche Verbesserung des Bedienungskomf orts , da 
der Horende nicht mehr ge^vrangen ist, bei liaufig wechseln- 
dem Storgerauschpegel die Lautstarke des Lautsprechers 
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standig nachzustellen. 

Um das im Mikrofon aufgenoiranene Nutzsignal zu elimxnie- 
ren, ist es erf orderlich, den Kopplungsf aktor zwischen 
Mikrofon und Lautsprecher zu kenaen. Dieser ist jedoch 
5 unter anderem abhangig von Fahrzeug, dem Einbauort von 
Lautsprecher und Mikrofon und Lautsprecherart . 

Bei einer bekannten Schaltungsanordnting dieser Art 
(DE-OS 29 42 331) ist daher dem durch einen Gleich- 
richter xmd ein Quadriemetzwerk realisierten Gegen- 

10 spanniingsverstarker ein Abstimmglied zugeordnet, mlt 

welchem die Spannungsverstarkung. nach Einbau der Schal- 
tungsanordnung in das jeweilige Kraf tf ahrzeug soXange 
verandert werden kann, bis der EinfluB des Lautsprecher- 
signals in der dem Lautstarkeregler zugefiihrten, von 

15 dex Sxammierschaltung ausgegebenen Stellgrofie voll- 
standig kompensiert ist. Die richtige Abstimmung der 
Schaltxangsanordnung laBt sich daran erkennen, daB ein 
EinfluB des Lautsprechersignals auf die Lautstarkeein^ 
stellung nicht mehr wahrgenommen werden kann. 

20 Die fiir den Kraf tf ahrzeuginsassen subjektiv richtige 
Lautstarkeanhebung bei Auf treten von Storgerauschen 
ist aber auch von den Kopplungsfaktoren zwischen dem 
menschlichen Ohr einerseits und dem Storgerausch und 
dem Nutzsignal andererseits abhangig. Diese Kopplungs- 

25 faktoren andern sich ebenfalls je nach Pahrzeugart^ 
Einbauort von Lautsprecher und Mikrofon, durch die 
Kraftfahrzeug-Besetziing oder durch Veranderimg der 
Fader- und Balance-Stellung . Diese Kopplungsfaktoren 
sind individueller Art und teinnen nur tiber das menscbliche 

30 Ohr selbst ermittelt werden. 
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Der Erfindung liegt die Aufgabe zugrunde, eine 
Schaltungsanordnung der eingangs genannten Art 
zu schaffen, welche die Anpassung der Lautstarke 
an den Storgerauschpegel nach einer individuell, 
5 an die Gegebenheiten eines Kraftfahrzeug-Innenraums 
und an die Bediirfnisse und das Horempfinden des oder 
der Kraf tfahrzeuginsassen automatisch anpaEbaren 
Nutzsignal-Storgerausch-Zuordnung, der sogenannten 
Stellkennlinie , dur chf uhrt • 

lO Die Aufgabe ist bei einer Schaltungsanordnung der 
im Oberbegriff des Anspruchs 1 definierten Gattung 
erf indungsgemafe durch die Merkmale im Kennzeichnungs- 
teil des Anspruchs 1 gelbst. 

Die erf indxingsgemaBe Schaltungsanordnung hat den vor- 
15 teil, daB eine werksseitig vorgegebene und auf ein 

Standardfahrzeug md ein Normhorempf inden zugeschnitte- 
ne Storpegel-Nutzpegel-Stellkennlinie mit vorgegebenem 
Grundlautstarkepegel, Endlautstarkepegel und vorgegebe- 
ner Kennliniensteilheit "selbstlernend" in einer sol- 
20 Chen Art automatisch modifiziert wird, daB die Stell- 
kennlinie nach dem "LemprozeB" optimal an die raum- 
lichen Gegebenheiten des Kraftfahrzeuginnenraumes und 
an das Horempfinden des Benutzers adaptiert ist. Bei 
diesem "LernprozeB" dient der Lautstarkesteller als 
25 Rezeptor, der die Reaktion des Benutzers auf die Laut- 
starkeanpasstmg, die sich in der Betatigung des Laut- 
starkes tellers auBert, aufnimmt und als MaB fiir die 
Kennlinienadaption der Schaltungsanordnung verfugbar 
macht . 
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Vorteilhafte Ausf uhrungsforroen der Erf indung sind 
den weiteren Anspriichen 2 - 8 zu entnelinien* Insbe- 
sondere in Verbindung mit der Ausfuhrungsf orm gemaB 
Anspruch 8, wit welcher sich ein automatischer Ab- 
5 gleich der Schaltungsanordnung in Hinblick auf die 
vollstandige Kompensation der Nutzsignalkomponente 
im Mikrofonausgangssignal nach Einbau im Kraftfahr- 
zeug erreichen laEt, wird eine Schaltungsanordnung 
zur storgerauschabhSngigen Lautstarkeexnstellung er- 
10 zielt, die an alle rauinlichen und subjektiven Gegeben- 
heiten optimal angepaSt ist und keine Wiinsche of f en- 
la^t. 

Die Erf indxang ist anhand eines in der Zeichnung dar- 
gestellten Ausf lihrungsbeispiels im folgenden naher 
15 beschrieben, Es zeigen: 

Fig- 1 ein Blockschaltbild einer Schaltungs- 
anordnung zur storgerauschabhangigen 
Lautstarkeeinstellung f iir ein Auto- 
radio , 

20 Fig- 2 ein Diagramm einer Stellkennlinie, welches 

den gewunschten Verlauf des Nutzsignal- 
pegels in AbhSnglgkeit von einem Storge- 
rauschpegel darstellt. 



Fig- 3 ein Blockschaltbild eines Kennlinien- 
25 adapters der Schaltungsanordniing in 

Pig- 1. 

In der in Fig- 1 dargestellten Schaltungsanordnung ist 
mit 10 der Lautsprecher eines Autoradios luid mit 11 ein 
im Niederfrequenzteil des R\ind£unkempf angers angeordne- 
30 ter Lautstarkeregler bezeichnet- Der Lautstarkeregler 11 
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ist hier als Multiplizierer ausgebildet^ dem einer- 
seits das Niederfrequenzsignal Nf des Rxindf unlcemp- 
f angers und andererseits die StellgroBe eines 
tnanuell zu bedienenden Lautstarkestellers 12 zuge- 
5 fuhrt ist. Der Lautstarkeregler 11 kann mit dem Laut- 
starkes teller 12 zu einem integrierten VerstarKer 
zusaiiiinengef act sein, wie er in der DE-OS 29 04 920 
(Fig. 2) beschrieben ist. 



Die Schaltungsanordnung weist femer ein Mikrofon 13 

lO auf , das sowohl das Lautsprechersignal als aucli das 
Storgerausch im Fahrgastraum des Autos erfaBt. Das 
Mikrofon 13 ist entweder ebenso wie die Schaltungsan- 
ordnung im Radiogehause oder in dessen Nahe angeordnet. 
Entsprechend dem aufgenommenen Storgerausch und Laut- 

15 spree hersignal erzeugt das Mikrofon 13 eine Ausgangs- 
spannung,. die sich aus einer vom Storgerausch und von 
dem Lautsprechersignal herruhrendenSpannungskomponente 
zusammensetzt. Der Ausgang des Mikrofons 13 ist iiber 
einen Mikrofonverstarker 14 mit Gleichrichter ^ in welchem 

20 vorzugsweise auch eine Quadrierung der Eingangsspannung 
vorgenommen wird, mit einer Summierschaltung 15 ver- 
bunden. Der zweite, negierte Eingang der Summierschal- 
tung 15 ist mit dem Ausgang eines steuerbaren Spannungs- 
verstarkers 16 verbtinden, der eingangsseitig mit dem 

25 Eingang des Lautsprechers 10 bzw. dem Ausgang des Laut- 
starkereglers 11 verbunden ist. Im Spannungsver starker 16 
wird ebenfalls eine Gleichrichtving und Quadrierung der 
Eingangsspannving, also der Nutzsignalspannung ^^^tz' 
gef iihrt - 



30 In der Sxunmierschaltung 15 werden die beiden Eingangs- 
spannungen, also die verstarkte Mikrofonausgangsspan- 
nung und die verstarkte Lautsprechereingangsspanniing ^ 
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schaltung 15 anstehenden Dif ferenzspannung wird eine 
StellgroBe fur den Lautstarkeregler 11 abgeleitet, 
die den Lautstarkeregler 11 entsprechend einstellt. 
5 im vorliegenden Fall eines Multiplizierers die Nutz- 
spannung im Niederfrequenzteil mit einem entsprechen- 
den Faktor multipliziert. 

Die Schaltungsanordnung muR nunmehr derart abgestimmt 
Oder abgeglichen sein, da& die Dif ferenzspannung am 

lO Ausgang der Summierschaltung 15 nur noch die vom Stor- 
gerausch herriihrende Spannungskoraponente enthalt, die 
in der Mikrofonausgangsspannung enthaltene, vom Nutz- 
signal herriihrende Nutzspaimungskomponente also durch 
die Gegenspannung des Spannungsverstarkers 16 vollstMndig 

15 kompensiert ist. Zum selbsttatigen Abstimmen oder Ab- 
gleich der Schaltungsanordnung ist ein Abgleichkreis 17 
vorgesehen, der ausgangsseitig an dem Steuexeingang des 
Spannungsverstarkers 16 und eingangsseitig sowohl an 
dem Ausgang der Summierschaltxing 15 als aucli an dem 

20 Ausgang des Spannungsverstarkers 16 angeschlossen ist. 
Ein solcher Abgleichkreis 17 ist in der Patentanmeldung 
P 53 20 751.8 (Fig- 3) beschrieben, so daB hler lediglich 
ktirz dessen Funktion in Erinnerung gerufen itfird. Der 
aus zwei Dif ferenzierglieder und einem Korrelator be- 

25 stehende Abgleichkreis 17 erfaBt die Spannungsanderungen 
an den Ausgangen von Summierschaltung 15 und Spannungs- 
verstarker 16. Ist die Gegenspannxingsverstarkung des 
Spannungsverstarkers 16 zn niedrig eingestellt, so wSchst 
die Xhnlichkeit der Ausgangsspannungen der Dif f erenzier- 

30 glieder zunehmend mit abnehmender Spannungsverstarkung. 

Im Extremfall (Ausgangspannung des Spannungsverstarkers 16 
ist Null) sind die Ausgangsspannungen der Dif ferenzier- 
glieder am ahnlichsten \md die Korrelationsf unktion weist 
ein Maximum auf • Entsprechend der GroBe der Korrelations- 
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funktion gibt der Korrelator ein Stellsignal an den 
Spannvmgsverstarker 16. Die Spannungsverstarkung wird 
vergroBert. 1st hingegen die Spanniingsverstarkung zu 
hoch eingestellt, so wSchst zwar auch die Ahnlichkeit 
5 der Ausgangsspannungen der Dif ferenzierglieder mit 
zunehmender Spannungsverstarkimg, Jedoch sind diese 
Ausgangsspannungen gegenphasig. Die Korrelations- 
funktion wird iininer kleiner und strebt schlieBlich 
gegen ein Minimum, venn die vcwm Storgerausch her- 

lO riihrende Spannmigskomponente vernachlassigbar klein 
ist gegeniiber der am Eingang der Sximmierschaltung 15 
liegenden Nutzspannungskomponente. In diesem Fall ver- 
ringerte sich die Ausgangsspannung des Korrelators und 
die Spannungsverstarkung des Spannungsverstarkers 16 

15 wird reduziert. Bei abgeglichener Schaltungsanordnung 

korrelieren die Ausgangssignale der beiden Dif ferenzier- 
glieder nicht miteinander. Die Korrelationsfianktion ist 
im wesehtlichen Null, und die Schaltungsanordnung ist 
abgeglichen. Der Abgleichkreis 17 kann aber auch wie 

20 in der vorgenannten Patentanmeldung zu Fig. 1 beschr^ie-* 
ben ausgebildet sein. 



Ein einstellbares Funktionsnetzwerk 18 ist eingangssei- 
tig mit dem Ausgang der Summierschaltung 15 und ausgangs- 
seitig mit dem Lautstarkeregler 11 ^ im Falle des inte- 

25 grierten Verstarkers gemaB DE-OS 29 04 920 mit dessen 
Steuereingang, verbunden. Das Funktionsnetzwerk weist 
eine ttbertragungsf unktion auf , mit deren Hilfe aus der 
Dif ferenzspannxmg am Ausgang der Summierschaltxmg 15 
eine StellgroBe flir den Lautstarkeregler 11 derart 

30 generiert wird, daB die Nutzspannung Ujj^^j, ani Ausgang 
des Lautstarkereglers 11 iiber eine Stellkennlinie, wie 
sie in Fig. 2 ausgezogen dargestellt ist, mit der Aus- 
gangsspannung der Summierschaltung, die ja nur noch die 
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vom Storgerausch herriihrende Spannungskomponente U^^g^^ 
enthalt, verknupft ist- Einstellbare Fxinktionsnetz- 
werke mit beliebig realisierbaren Ubertragungsfunktio- 
nen sind bekannt. tJber Steuereingange ist das Funktions- 
5 netzwerk 18 in seiner Ubertragangsfxinktion derart 

anderbar, daB mittels der generierten StellgroEe eine 
Modifizierung der Stellkennlinie moglich ist, wie dies 
in Fig. 2 strichliniert dargestellt ist. Hierzu sind 
die Steuereingange mit jeweils einem von zwei Ausgangen 
10 20,21 eines Kennlinienadapters 19 verbunden, dessen 
Eingange 22 und 23 mit dem Lautstarkesteller 12 und 
dessen Eingang 2 4 mit dem Ausgang der Suxnmierschaltxmg 
15 verbunden ist. 

In dem Funktionsnetzwerk 18 ist werksseitig eine solche 

15 Obertragungsfunktion realisiert, daB die am Ausgang 
des Funktionsnetzwerkes 18 in Abhangigkeit von der am 
Eingang anliegenden Dif f erenzspannung erhaltene Stell- 
groBe der Schaltungsanordnung eine solche Stellkenn- 
linie verleiht, wie sie in Fig* 2 ausgezogen dargestellt 

20 ist und den Zusamxnenhang zwischen Nutzpegel und Stor- 
pegel im doppellogaritbmischen MaBstab charakterisiert. 
Die Stellkennlinie weist drei Kennlinienabschnitte a,b 
und c auf , die jeweils durch Storpegelschwellen vorge- 
geben sind. In dem ersten Abschnitt a weist der Nutz- 

25 pegel einen vom Storgerausch unabhangigen Betrag/ den 
Grxjndlautstarkepegel auf. Dieser Grundlautstarkepegel 
ist lediglich von der Einstellung des Lautstarkes tellers 
abhangig. In dem zweiten Abschnitt b ist der Nutzpegel 
proportional dem Storpegel, wobei die Kennliniensteil- 

30 heit den Storabstandsverlauf als Funktion des Storpe- 
gel s angibt. In dem dritten Abschnitt c ist der Nutzpegel 
auf einen max, Betrag, dem EndlautstSrkepegel, begrenzt. 
Diese drei Kennlinienabschnitte werden mit von Null an 
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zunehinendem Storpegel nacheinander durchlauf en. 

Der Kennlinienadapter 19 weist einen Schwellwert- 
diskriminator 25 mit zwei Ausgangen 26, 27 und einem 
Eingang auf , der mit dem Eingang 24 des Kennlinien- 
5 adapters 19 verbunden ist- Der Schwellwertdiskrimi- 
nator 25 ist derart aufgebaut, daB ein Ausgangs- 
signal ausschliefilich an dem Ausgang 26 ansteht, 
wenn das Eingangssignal zwischen einem ersten xind 
zweiten Schwellwert liegt und ausschlieBlich an dem 

10 Ausgang 27 ansteht, wenn das Eingangssignal den zwei- 
ten Schwellwert iibersteigt^ Im vorliegenden Ausfiihrungs- 
beispiel besteht der Schwellwertdiskriminator 25 aus 
einem Fensterkomparator 28 und einen Komparator 29, 
die eingangsseitig an dem Eingang 24 angeschlossen sind. 

15 Die beiden Ausgange 26 und 27 des Schwellwertdiskrimi- 
nators 25 sind tiber je ein als AND-Gatter ausgebildetes 
Torglied 30, 31 mit Jewells einem Vorwarts-Riickwarts- 
Zahler 32 bzw* 33 verbunden. Die Ausgange der Vorwarts- 
Riickwarts-Zahler 32, 33 bilden die Ausgange 20, 21 des 

20 Kennlinienadapters 19. 

Der Lautstarkeregler 11 ist derart ausgebildet, dafi mit 
jeder Verstellung sowohl ein die Verstellrichtung (laut/ 
leise) charakterisierendes Steuersignal an dem Eingang 22 
als auch ein Zahlimpuls an den Eingang 23 des Kennlinien- 
25 adapters 19 gelangt. An dem Eingang 22 sind die Zahl- 
richtungseingange "up/down" und an dem Eingang 23 sind 
die Steuereingange der Torglieder 30, 31 bzw. die an- 
deren Eingange der sie bildenden AND-Gatter angeschlos- 
sen. 

30 Liegt der momentane Storgerauschpegel in dem Kennlinien- 
abschnitt b, so ubersteigt die Dif ferenzspannung am Aus- 
gang der Summierschaltung 15 den xinteren Schwellwert des 
Schwellwertdiskriminators 25. Am Ausgang 26 steht ein Sig- 
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nal an, der das AND-Gatter 30 setzt. Wird nunmehr der 
Lautstarkesteller 13 betatigt> so gelangt ein Zahlimpuls 
durch das gesetzte AND-Gatter 30 zu dem Takteingang des 
Vorwarts-Riickwarts-zahlers 32. Je nach Verstellrichtung 
5 des Lautstarkestellers 12 (laut oder leise) wird der 
Zahlinhalt des Zahlers 32 vergroEert oder verringert. 
Der Zahlinhalt des Zahlers 32 hildet die StellgroBe B, 
die das Funktidnshetzwerk 18 nunmelir so einstellt, daft 
sich die Stellkennllnie im Kennlinienabschnitt b in 
lO Richtung des Pfeils B verschiebt. Dabei verschiebt sich 
die urspriingliche Stellkennlinie insgesamt zu kleineren 
Storpegelwerten , wenn der Lautstarkesteller 12 haufiger 
in Richtung Lautstarkeerhohung als in Richtung Laut- 
starkereduzierung verstellt wird iind umgekehrt zu gro&e- 
15 ren Pegelwerten, wenn der Lautstarrkesteller 12 haufi- 
ger zur Lautstarkereduzierung als zur Lautstarkeerhohung 
verstellt wird* 

Liegt ein Storgerauschpegel vor, t>ei welchem die Dif- 
ferenzspannting am Ausgang der Suirmenschaltiang 15 den 
oberen Schwellwert des Schwellwert<aiskriminators 25 
iibersteigt, so ist das AND-Gatter 30 gesperrt xind das 
AND-Gatter 31 gesetzt. Wird in diesem Kennlinienab- 
schnitt c nunraelur der Lautstarkesteller 12 betatigt, so 
gelangt der von diesem ausgegebene Zahlimpuls aii den 
Vorwarts-Ruckwarts-Zahler 33, dessen Zahlinhalt ent- 
sprechend der Verstellrichtung des Lautstarkestellers 12 
erhoht oder emiedrigt wird. Der Zahlinhalt des Zahlers 33 
steht als SteuergroBe C am Funktionsnetzwerk 18 an und 
bewirkt eine derartige Einstellung des Funktionsnetz- 
werks, daB die Stellkennlinie im Kennlinienabschnitt c 
in Richtung des Pfeils C modifiziejrt wird, Eine Ver- 
schiebung der Stellkennlinie zu grSBerem Nutzpegel er- 
folgt dann, wenn der Lautstarkesteller haufiger in Rich- 
tung Lautstarkeerhohung als in Rictitung Lautstarkeredu- 
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zierung verstellt wird. Umgekehrt erfolgt eine Verklei- 
nerung des max. Spannungspegels wenn der Lautstarke— 
s teller 12 eine Verstellxing haufiger zur Lautstarke- 
reduzierting als zur Lautstarkeerhohiing erfahrt. 

5 Liegt der momentane Storgerauschpegel im Kennlinien— 

abschnitt a, so wird der iintere Schwellwert des Penster- 
diskriminators 25 nicht erreicht. Eine Betatigung des 
Lautstarkestellers 12 bewirkt dann lediglich eine Anlie- 
bung Oder Absenkung der Grundlautstarke in Richtung A. 

10 Nach wenigen Einstellkorrekturen am Lautstarkes teller 12 
hat sich dann eine Stellkennlinie eingestellt, die opti- 
mal an die raumlichen Gegebenheiten des Fahrzeuginnen- 
raums und an das Horempfinden der Kraftfahrzeuginsassen 
angepaUt ist. Bei Veranderung des Storgerauschpegels vdrd 

15 dann der Nutzsignalpegel entsprechend der sich letztend- 
lich eingestellten modif izierten Stellkennlinie veran- 
dert, wobei dann weitere Korrekturen am Lautstarkeein^ 
steller 12 zu keinem Zeitpunkt mehr erforderlich slnd. 

Die Erfindung ist nicht auf das vorstehend beschriebene 
20 Ausfiihrungsbeispiel beschrankt. So konnen die Stell- 
gro&en B und C noch zusatzlich von der Lautstarkestel- 
lung und/oder der Lautheit ablraagig sein. Auch ist es 
moglich, die Steuergrofien B und c von der GroEe der je- 
weils vorgenommenen Verstellung des Lautstarkestellers 
25 abhangig zu machen . Hierbei braucht lediglich der Laut- 
starkesteller eine dem Verstellweg entsprechende Anzahl 
von Zahlimpulse auszugeben, die dem Kennlinienadapter 
zugefuhrt werden- 

Des weiteren ist es nicht erforderlich, dafi die ScHal- 
30 tungsanordnung einen Spannungsverstarker mit im Sinne 
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der Abstinmiung der Schaltungsanordnung geregelter 

Spannungsverstarkung aufweist. Der Spannungsver- 

starker kann in gleicher Weise wie in der 

DE-OS 29 42 331 beschrieben ausgebildet sein, wobei 

dann eine Abstimmving der Schaltungsanordnung nach 

Einbau im Kraf tfahrzeug vorOrt durchgefiihrt werden 

mufi* 
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[57] ABSTRACT 

An automatic volume adjusting apparatus comprises a 
volume adjusting device connected between a sound 
signal source and a loudspeaker; a first rectifier circuit 
for generating a first signal having a D.C. level corre- 
sponding to the level of a sound signal supplied from the 
colume adjusting device to the loudspeaker; a micro- 
phone and a second rectifier circuit for generating a 
second signal having a D.C. level corresponding to the 
level of a composite sound constituted by the sound 
generated by the loudspeaker and the ambient noise; a 
subtraction circuit for generating a third signal having a 
level corresponding to the level difference between tfie 
first and second signals, i.e. the level of the ambient 
nois^ a gate circuit for sampling the third signal at 
predetermined interval^ and an integrator circuit for 
holding the output of the gate circuit for a predeter- 
mined period of time. The output of the integrator cir- 
cuit controls the volume adjusting device. 

5 Qaims, 7 Drawing Flgnres 
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AUTOMATIC VOLUME ADJUSTING APFARATUS 

BACKGROUND OF THE INVENTION 

This invention relates to an automatic volume adjust- ^ 
ing apparatus which can correctly adjust the volume of 
sound from a loudspeaker in accordance with the varia- 
tion of ambient noise level. 

Many attempts have been made to automatically 
adjust the volume of sound from the audio output de- 
vice of a television set, a radio, a tape recorder, a loud- 
spe^r and the like, in accordance with the variation of 
ambient noise level. And many methods have been 
proposed to achieve such an automatic volume adjust- 
ing. Notable among them are as follows: *5 

(a) A microphone is used to detect a composite sound 
constituted by the ambient noise and the sound 
from a loudspeaker. Only the ambient noise com- 
ponent of the composite sound is removed and 
detected from a ccHnposite sound signal generated 
by a sound signal circuit. The ambient noise com- 
ponent is used to control the gain of an audio out- 
put device. 

(b) The ambient noise is detected when a loudspeaker 
does not generate sound. According to the levd of 25 
the ambient noise one of static circuits such as 
switches which have a self-holding function is se- 
lected thereby to control the volume of sound 
generated by the loudspeaker. 

With the method (a), however, it is diHicult to re- 30 
move and detect only the ambient noise component 
from the compoate sound constituted by the ambient 
noise and the sotmd from the loudspeaker, that is, to 
completely cancel out the electric signal from the sound 
signal circuit and the sound generated by the loud- 35 
speaker. This is because the sound from the loudspeaker 
involves in phase delay, the loudspeaker and micro- 
phone differ in frequency characteristic, or for some 
other reasons. If the electric signal and the sound could 
be cancelled out almost completely, the ambient noise 40 
would be masked by the sound from the loudspeaker 
when the sound volume increases to a certain level. As 
a result, the microphone would fail to detect the ambi- 
ent sound, and the sound volume could no longer in- 
crease. Consequentiy, the volume adjustment would 45 
become unstable. 

In the method (b) the volume adjustment is carried 
out somewhat statically. The method (b) is not there- 
fore practical in case the ambient noise changes 
abruptly or periodically while a loudspeaker is generat- 50 
ing sound. With the method (b) it is next to impossible 
to adjust the sound volume particularly when the loud- 
speaker generates a continuous sound such as music. 
This is because in this case the loudspeaker is rarely 
silent so that the volume of sound from it is maintained 55 
at constant level. 

Accordingly, it is an object of this invention to pro- 
vide an automatic volun^ adjusting apparatus which is 
so designed as to increase or reduce the volume of 
sound generated by a loudspeaker accurately in accor- 60 
dance with the level of the ambient noise, regardless of 
masking phenomenon which occurs when the volume 
of sound from the loudspeaker increases to a certain 
level according to the ambient noise level. 

SUMMARY OF THE INVENTION 

According to this invention, there is provided an 
automatic volume adjusting apparatus which comprises 
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a volume adjusting device connected between a sound 
signal source and a loudspeaker, means for generating a 
first signal corresponding to the level of a sound signal 
supplied from the sound signal source to the loud- 
speaker, means for generating a second signal corre- 
sponding to the level of a composite sound constituted 
by the sound generated by the loudspeaker and the 
ambient noise, means for processing the first and second 
signals so as to generate a third signal corresponding 
substantially to only the level of the ambient noise, 
means for sampling the third signal at predetermined 
intervals, means for holding the output of the sampling 
means for a predetermined period of thne, and means 
for controlling, according to the output of the holding 
means, the level of the sound signal passing through the 
volume adjusting device. 

With the apparatus of such construction, the volume 
adjusting device is controlled by the third signal which 
is sampled and then held immediately before a maskmgs 
phenomenon takes place. Thus, the volume of sound 
from the loudspeaker never fails to be controlled ac- 
cording to the ambient noise level in spite of the mask- 
ing phenomenon which occurs when the volume of 
sound from the loudspeaker is extremely large. 

BRIEF DESCRtPTION OF THE DRAWINGS 

FIG. 1 is a block circuit diagram of an automatic 
volume adjusting apparatus according to this invention; 

FIG. 2 is a circuit diagram showing the apparatus of 
FIG. 1 more in detail; 

FIG. 3 illustrates the output waveform of a non-stable 
multivibrator shown in FIG. 2; 

FIGS. 4 and 5 are block circuit diagrams showing 
other embodiments of this invention; and 

FIGS. 6 and 7 are circuit diagrams of still other em- 
bodiments of this invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS 

As shown in FIGS. 1 and 2. a sound signal is supplied 
from a sound signal source 1 such as a television set, a 
radio, a tape recorder and a microphone through a 
preamplifier 2 to a volume adjusting circuit 3. The level 
of the sound signal is adjusted by the drcuit 3, and the 
sound signal is then amplified by a power amplifier 4 
and finally converted into sound by a loudspeaker 5. 
The sound thus generated by the loudspeaker 5 and the 
ambient noise are detected by a microphone 6, which 
produces a detection signal corresponding to a compos- 
ite sound constituted by the sound from the loudspeaker 
5 and the ambient noise. The detection signal is ampli- 
fied by a microphone amplifier 7 and supplied through 
a level adjustor S to a rectifier 9. The rectifier 9 converts 
of the detection signal into, for example, a negative 
D.C. output. The soimd signal from the power amplifier 
4 is supplied through a level adjustor 10 to a rectifier 11. 
The rectifier 11 converts the sound signal into, for ex- 
ample, a positive D.C- output The output of the recti- 
fier 11 is coupled to the non-mversion input of a buffer 
12 and to the ground via a resistor 13. The output of the 
buffer 12 is connected to the inversion input of the 
buffer 12 and to the non-inversion input of an inversion 
adder-amplifier 15 through a reastor 14. The output of 
the rectifier 9 is coupled to the non-inversion input of a 
buffer 16 and to the ground through a resistor 17. The 
output of the buffer 16 is connected to the inversion 
input of the buffer 16 and to the inversion input of the 
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inversion adder-am pltHer 15 via a resistor 18. The out- path of the analog switch 21 is conductive. During the 

put of the inversion adder-amplifier 15 is connected to negative potential period of the pulse output the drain- 

the non-inversion input of the adder-amplifier 15 via a source path of the switch 21 is non-conductive. As a 

resistor 19 and to the drain of an analog switch 21. The result, the gate circuit 29 effects the sampling of the 

buffers 12» 16, inverson adder-amplifier 15, and resistors 5 output of the subtraction circuit 20- 

13, 14, 17, 18, 19 constitute a subtraction circuit 20. The resistor 30 of the integrator 35 has such a resis- 

As shown in FIG. 2, inverters 22 and 23. resistors 24, tance that the forward resastance of the diode 31 can be 
25 and 26, a diode 27 and a capacitor 28 constitute a neglected with respect to the resistance of the resistor 
non-stable multivibrator of the known type. The output 30. Further, the resistor 33 of the integrator 35 has a 
of the multivibrator is coupled to the gate of the analog 10 resistance far higher than that of the resistor 30, The 
switch 21. The non-stable multivibrator and the analog charge time constant charged between the terminals of 
switch 21 constitute a gate circuit 29. The source of the the capacitor 34 is therefore determined substantially by 
analog switch 21 is connected to the non-inversion the resistor 30 and the capacitor 34. On the other hand, 
input of a buffer 32 through a resistor 30 and a diode 31 the discharge time constant of the int^rator 35 is deter- 
and also to the non-inversion input of the buffer 32 15 mined substantially by the resistor 33 and the capacitor 
through a resistor 33. The non-inversion input of the 34 since the backward resistance of the diode 31 is ex- 
buffer 32 is connected to the ground via a capacitor 34. tremely high. Consequratly, the charge time constant 
The diode 31, resistors 30 and 33 and the capacitor 34 becomes much smaller than the discharge time con- 
constitute an integrator 35 having a time constant which stant. In other words, the write-in time constant of the 
is detemtined by the rated values of the constituent 20 integrator 35 is small, and the read-out time constant is 
elements. The invention input of the buffer 32 is cou- large. The relationship between the pulse width during 
pled to the source of a field effect transistor 26 (herein- the positive potential period and the charge^ discharge 
after called "FET**) and to the ground through a rests- time constant is detenntned by the ratio between the 
tor 37. The output of the buffer 32 is connected to the positive pulse width and the charge time constant. The 
gate of the FET 36. The drain of the FET 36 is con- 25 ratio between the positive pulse width and the charge 
nected to the cathode of a light-emitting diode 38, the time con^ant is properly selected so that the latter is 
anode of which is connected to a positive D.C power suffidently large witii respect to the former, 
source -|-B. The light-emitting diode 38 is integrally The positive D.C output of the subtraction circuit 20 
formed with a light-receiving element 40 such as a CdS is charged between the terminals of the c^>actior 34 
element The Hght-recdving element 40 and two resis- 30 while the analog switch 21 is dosed, according to the 
tors 39 and 41 constitute the volume adjusting circuit 3. time constant determined by the resistor 30 and the 

The buffers 12, 16 and 32, inversion adder-amplifier capacitor 34. While the analog switch 21 is not conduc- 

15, inverters 22 and 23 and analog switch 21 are sup- tive, the drain*source impedance of the switch 21 and 

plied with power from the positive D.C. power source the input impedance of the buffer 32 are extremely high. 

-I- B and a negative D.C power source — B. 35 The potential of the capacitor 34 is therefore maintained 

Now it will be described how the embodiment of at the value immediately before the analog switch 21 

FIGS. 1 and 2 operates. According to the frequency has become non-conductive. 

characteristics of the loudspeaker 5 and the microphone In this way, the positive D.C. output of the subtrac- 

6 and the positional relationship between the loud- tion circuit 20 is charged in the capacitor 34 according 

speaker 5 and the microphone 6, the level adjustors 8 40 to the time cx)nstant determined by the resistor 30 and 

and 10 and the rectifiers 9 and 11 are controlled so that the capadtor 34, every time the analog switch 21 be- 

the absolute values of D.C. outputs of the rectifiers 9 comes conductive. Since the charge time constant for 

and 11 become substantially equal when there is no charging the output of the subtractioii circuit 20 to the 

ambient noise. capacitor 34 is small, the potential across the terminals 

The D.C output of the rectifier 9 is supplied to the 45 of the capadtor 34 elevates in a quick response to the 

buffer 16, and the D.C output of the rectifier 11 to the increase of ambient noise. 

buffer 12. At the output terminals of the buffers 12 and The positive D.C voltage obtained across the termi- 

16 there are obtained outputs of the same polarity. The nals of the c^>adtor 34 is supplied to the non-inver^on 

inversi<m adder-amplifier 15 obtains an output which is input of the buffer 32. Since the buffer 32, FHT 36 and 

determined by the sum of the outputs of the buffers 12 SO resistor 37 constitute a constant current circuit which 

and 16, the resistances of the resistors 14, 18 and 19 and uses the light-emitting diode 38 as its load, there flows 

the amphfication factor of the adder-amplifier 15. This in the light-emitting diode 38 a current which is propor- 

output is the output of the subtraction circuit 20. Since tional to the positive D.C voltage suppled to the buffer 

the negative D.C output of the rectifier 9 and the posi- 32 and the resistance of the resistor 37. The resistance of 

tive D.C output of the rectifier 11 have substantially 55 the CdS element 40, which is integraDy formed with the 

the same absolute value when no ambient noise exists, light-emitting diode 38, becomes lower as the current 

the sum of them becomes a negative voltage when there flowing in the light-emitting diode 38 increases, and the 

is an ambient noise. Thus, the output of the inversion attenuation ratio of the volume adjusting circuit 3 be- 

adder-amphfier 15, i.a the output of the subtraction comes smaller. As a result, the input level of the power 
circuit 20, is a positive voltage which is proportional to 60 amplifier 4 elevates, thus increasing the sound volume 

the ambient noise component. of the Ioud^>eaker 5. 

The multivibrator of the gate circuit 29 produces a The louder the sound from the loudspeaker 5 grows, 

pulse output having such a waveform as illustrated in the higher become the negative D.C output level of the 

FIG. 3. As shown in FIG. 3, the pulse output has a rectifier9andthepositiveD.Clevelof the rectifier 11. 
relatively short positive potential period and a long 65 If there is no ambient noise, the sound ccnnponent in the 

negative potential period. This pulse output is supplied output of the subtraction circuit 20 is substantially zero 

to the gate of the analog switch 21. During the positive since the absolute values of the D.C outputs of the 

potential period of the pulse output the drain-source rectifiers 9 and 11 are identical. If an ambient noise 
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exists, the output of the subtraction circuit 20 contains a 
noise component corresponding to the ambient noise. 
Thus, the loudspeaker 5 generates sound the volume of 
which is proportional to the ambient noise component 
in the output of the subtraction circuit 20, When the 5 
ambient noise ceases under this condition, the output 
level of the subtraction circuit 20 is reduced to substan- 
tially zero. As a result, the capacitor 34 is discharged 
through the resistor 33 while the analog switch 21 re- 
mains conductive. Since the discharge time constant is 10 
large, the volume of sound from the loudspeaker 5 grad- 
ually increases until it reaches the initial value. 

When the ambient noise becomes very large and so 
does the volume of sound from the loudspeaker 5, the 
sound from the loudspeaker 5 masks the ambient noise, IS 
thus making it difficult for the microphone 6 to detect 
the ambient noise. This phenomenon is equivalent to the 
level drop of ambient noise. As a result, the volume of 
sound from the loudspeaker 5 will likely be reduced. In 
effect, however, the potential between the terminal of 20 
the capacitor 34 would never be lowered abruptly. This 
is because the discharge time sonstant determined by 
the resistor 33 and the capacitor 34 is much larger than 
the value corresponding to the period during which the 
analog switch 21 is conductive, and the period during 25 
which the analog switch 21 is non-conductive is much 
larger than the period during which the switch 21 re- 
mains conductive. 

Further, the charge time constant determined by the 
resistor 30 and the capacitor 34 is selected to have a 30 
proper value with respect to the period during which 
the analog switch 21 remains conductive. In addition, it 
is quite rare that the sound signal source 1 keeps gener- 
ating high level sound signals for a long time even if the 
signals represent a continuous musical sound. The 35 
sound signal source 1 produces signals of a low level for 
a period of time, though a short one. During such a 
period of time the ambient noise component hi the out- 
put of the subtraction circuit increases equivalently. 
Thus, only if analog switch 21 is conductive during this 40 
period, the capacitor 34 is charged again with the ambi- 
ent noise component in a very short time to have its 
potential raised. Consequently* the masking of the ambi- 
ent noise can be suppressed even when the volume of 
sound from the loudspeaker 5 is relatively large, 45 
whereby the volume of sound is adjusted in a natural 
way. 

Needless to say. the volume adjusting circuit 3 may 
be constituted by transistors which are voltage-con- 
trolled to vary the level of an input sound signal, instead 50 
of a photo-coupler constituted by an electric-to-light 
converter such as a light-emitting diode and a light-to- 
electric converter such as a CdS element 

FIGS. 4 and 5 illustrate other embodiments of this 
invention. Unlike the embodiment shown in FIGS. 1 55 
and 2, these embodiments can prevent the volume of 
sound from the loudspeaker from momentarily growing 
too large when the loudspeaker starts generating sound. 
Now referring to FIGS, 4 and 5 wherein like or the 
same numerals are used to denote like or the same parts 60 
as those of the embodiment shown in FIGS. 1 and X 
these embodiments will be described. 

In the embodiment of FIG. 4, an analog switch 42 is 
connected between a rectifier 9 and a subtraction circuit 
20, and another analog switch 43 between the subtrac- 65 
tion circuit 20 and a rectifier 11. Further, a comparator 
44 is connected to the output of the rectifier 11. When 
the output level of the rectifier 11 is substantially zero. 
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the output of the comparator 44 renders both analog 
switches 42 and 43 non-conductive, whereby the out- 
puts of the rectifiers 9 and 11 are not supplied to the 
subtraction circuit 20. In the embodiment of FIG. 5, a 
rectifier 45 is provided to rectify the input sound signal 
to a volume adjusting circuit 3. The output of the recti- 
fier 45 operates a comparator 44. When the output level 
of the rectifier 45 is zero, analog switches 42 and 43 
rendered non-conductive, whereby the outputs of recti- 
fiers 9 and 11 are not supplied to a subtraction circuit 20. 
In all the other respects the embodiments of FIGS. 4 
and 5 are identical with the embodiment of FIGS. 1 and 
2. 

In the embodiments of FIGS. 1 and 2» FIG. 4 and 
FIG. 5, the gate circuit 29 samples out the output of the 
subtraction cu-cuit 20 which corresponds to an ambient 
noise component. The output of the gate circuit 29 is 
held by the integrator 35 and controls the volume ad- 
justing circuit 3 even when the ambient noise is masked 
by the sound from the loudspeaker 5, thus preventing a 
level drop of the sound from the loudspeaker 5. But, 
ance the masking phenomenon occurs when the output 
sound level of the loudspeaker 5 rises beyond a specific 
value, it should be better to use the output of the sub- 
traction circuit 20 to control the volume adjusting cir- 
cuit 3 so long as the output sound level of the loud- 
speaker 5 is below the specific value. 

This invention provides an automatic volume adjust- 
ing apparatus of another type in which the volume 
adjusting mode is changed to another in accordance 
with the output sound level of a loudspeaker. FIG. 6 
shows such an automatic volume adjusting apparatus. 

As shown in FIG. 6^ the output of a rectifier 9 is 
supplied to a level adjuster 8, and its level is adjusted by 
the level adjustor 8. The output of the level adjustor 8 
is supplied to the inversion input of an inversion adder- 
amplifier through a resistor 53. The output of a rectifier 
11 is supplied to a level adjustor 10, which adjusts the 
level of the output of the rectifier 11. The output of the 
level adjustor 10 is supplied to the inversion input of the 
inversion adder-amplifier 57. Another level adjustor 52 
is connected between the ground and a positive D.C. 
power source +B. The output positive D.C. voltage of 
the level adjustor 52 is supplied via a resistor 55 to the 
inversion mput of the inversion adder-amplifier 57. The 
output of the adder-amplifier 57 is coupled to the inver- 
sion input of the adder-amplifier 57 through a resistor 56 
and to the drain of an analog switch 58. The output 
level of the adder-amplifier 57 is determined by the sum 
of the outputs of the level adjusters 8, 10 and 52. the 
resistance of the resistors 53-56 and the amplification 
factor of the adder-amplifier 57. 

The output of the rectifier 11 is voltage-divided by 
resistors 50 and 51 and then supplied via a resistor 61 to 
the Diversion input of a level comparator 62. A voltage 
adjustor 63 is connected between the ground and the 
positive D.C. power source 4-B to provide a D.C. volt- 
age. The D.C. voltage is applied to the non-inversion 
input of the level comparator 62 through a resistor 64. 
The output of the level comparator 62 is coupled to the 
gate of the analog switch 58, to the inversion input of an 
integrator 67 via a resistor 65 and to the cathode of a 
diode 66. Between the inversion input and output of the 
integrator 67 there is connected a capacitor 68. Further, 
a FET 69 has its source and drain connected to the 
mverston input and output of the integrator 67, respec- 
tively. The gate of the FET 69 is connected to the 
anode of the diode 66 and to the ground via a resistor 
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70. The output of the integrator e>7 is coupled to the Since the output of the adder-amplifier 57 is substan- 
mvCT^on input of a level comparator 74 via a reastor tially zero or has a negative value, the input voltage of 

71. The non-inversion input of the level comparator 74 the non-inversion amplifier 86 becomes substantially OV 
is connected to receive via a resistor 72 a positive D.C. or lower than OV. As a result, no curr^t flows through 
voltage from a voltage adjuster 73 which is connected 5 the light-emitting diode 89. The CdS element 40 there- 
between the ground and the positive D.C. power source fore underdoes no resistance change. Consequently, the 
4-B. The output of the level comparator 74 is coupled attenuation ratio of the volume adjustmg circuit 3 re- 
to one terminal of a capacitor 75. The terminal of the mains unchanged. 

capacitor 75 is connected to one input of a two-input When there is an ambient noise of a relatively low 
NANDdrcuit 78 through a resistor 77 and to the posi- 10 level, the microphone 6 catches a composite soimd 
uve D.C power source H-B through a resistor 76. The consisting of an ambient noise component and the sound 
output oftheNAND circuit 78 is connected totheinput from the loudspeaker 5. The negative D.C ou^ut of 
of an invert^ 81 via a c^rndtor 79. The input of the the level adjustor 8 grows by the value which corre- 
inverter 81 is connected to a negative D.C power sponds to the ambient noise component The input volt- 
source -B tiirough a reastor 80. The output of the ^5 age of the adder-amplifier 57 therefore becomes a nega- 
inverter 81 i& connected to the other input of the tive voltage. Since the adder-amplifier 57 is an inversion 
NANDdrcuit 78 and to the input ofan inverter 82. The amplifier, its output is the sum of a negative D.C volt- 
output of the inverter 82 is connected to the gate of an age corresponding to the ambient noise component and 
analog switch 83, the drain and source of which are a positive voltage determined by the amplification fac- 
connected to the both ends of a resistor 60, respectively. ^ tor of the adder-amplifier 57 and the resistance of the 

The source of the analog switch 58 is connected via a resistors 53 to 56. If the analog switch 58 is conductive, 
resistor 84 to the nonnbiversion input of a non-inversion the positive output voltage of the adder-amplifier 57 is 
amplifier 86. The non-inver^on input of the amplifier 86 applied through the analog switch 58, smoothened by 
is connected to the ground through a capadtor 85. The the resistor 84 and the capadtor 85, and ^plied to the 
inversion input of the non-inversion amplifier 86 is con- inoput of the non-inversion amplifier 86. Then, the D.C 
nected to the source of a FET 88 and to the ground currentdeterminedby the input voltage of the amplifier 
through a re^stor 87. The output of the amplifier 86 is 86 and the resistance of the resistor 87 flows through the 
coupled to the gate of the FET 88. The drain of the light-emitting diode 89, and light corresponding to the 
VKT 88 is connected to the cathode of a light-emitting ^ D.C current is emitted firemi the diode 89 to the CdS 
diode 89, the anode of which is connected to the poM- dement 40. The resistance of the CdS element 40 is 
tive D.C power source -hB. As in the anbodiment of lowered to reduce the attenuation ratio of the volume 
FIG. 2, the li^t-emitting diode 89 is coupled optically adjusting circuit 3. The input levd of the power ampli- 
to a light-recdving CdS dement 39. fier 4 therefore rises, thereby increasing the volume of 

Now it will be described how the automatic volume 35 sound from the loudspeaker 5. 
adjusting apparatus of FIG. 6 operates. The louder the sound from the loudspeaker 5 grows, 

According to the frequency characteristics of the the higher is the output levd of the microphone 6. Thus, 
loudspeate 5 and the microphone 6 and the poational the negative D.C output level of the levd adjustor 8 
relationship between the loudspeaker 5 and the micro- rises by the value corresponding to the increase of 
phone 6, the levd adjustors 8 and 10 are controlled so ^ sound volume of the loudspeaker 5. At the same time 
that the D.C output of the rectifier 11 has substantially the podtive D.C output levd of the level adjustor 10 
the same absolute value as, or an absolute vahie larger also rises by the value correspondmg to the mcrease of 
than, that of the rectifier 9 with re^>ect to fiequendes sound volume. As a result, the sound component in the 
within the audible frequency range. If the levd adjustor output of the adder-amplifier 57 is reduced substantially 
52 produces a positive D.C voltage havmg substan- 45 to zero. Thus, the loudspeaker 5 generates sound the 
tially the same absolute value as that of a negative D.C volume of which is proportional to the ambient noise 
output of the rectifier 9 which is produced when the component When the ambient noise ceases under this 
loudspeaker 5 generates no sound and which corre- condition, the output levd of the adder-amplifier 57 is 
sponds to the volume of ambient noise, the sum of the reduced substantially to zero. If the analog switch 58 is 
outputs of the levd adjustors 8, 10 and 52 will be sub- 50 conductive, the capadtor 85 is discharged through the 
stantially zero or a positive value. If the voltage of the resistor 84 and comes to have zero potential, therd>y 
voltageadju$tor63ishigherthan the maximum value of reducing the volume of sound from the loud^feaker 5. 
a positive D.C voltage obtained by dividing the output When the microphcme 6 picks up an ambient noise of 
voltage of the rectifier 11 by means of resistors 59 and a high levd, the volume of the loudspeaker 5 is m- 
60, the output of the level comparator 62 is a positive 55 creased very much to raise the output lev^ of the recti- 
potential. Then, the gate of the analog switch 58 has a fier 11, wherd>y the inversion input level of the levd 
positive potential, whereby the drain-source path of the comparator 62 becomes higher than the non-inversion 
analog switch 58 becomes conductive. As a result, the input level of the levd comparator 62. If this happens, 
non-inver»on ampHfier 86. the FET 88 and the resistor the output levd of the level comparator 62 changes 
87 constitute a ccMistant current circuit, and there flows 60 firom a positive potential to a negative one. The gate of 
m the light-emitting diode 89 a current proportional to the analog switch 58 comes to have a negative potential, 
the resistance of the reastor 87 and the positive D.C and the analog switch 58 is rendered non-conductive, 
voltage appUed to the non-inversion input of the non- The capadtor 85 therefore holds a voltage correspond- 
mversion amplifier 86. The resistor 84 and the capacitor ing to the output voltage of the adder-amplifier 57 im- 
85 both connected to the non-inversion input of the 65 mediately before the analog switch 58 has become non- 
non-inversion amplifier 86 constitute a time constant conductive, and the volume of the loudspeaker 5 re- 
drcuit for smoothening the varying output of the adder- mains at a high level v^rhich corresponds to the voltage 
amplifier 57. hdd by the capadtor 85. 
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theo»J!^nnif^H^^^ '^^'^ '"P"* The Width Of the positive pulse is 

t^ the Ltt^ adder-^phner 57 is coup ed directly sumdently smaUer with respect to theTenod of time 
olher€sistor84.'nien,themicrophone<5failstodetect during which said series of opemtions are repeated 
he ambient noise if the sound from the loudspeaker 5 is once. Every time the positive pulse is gener^teTthe 
arger enough to mask the ambient noise. In this case, 5 analog switch 58 is rendered conductive. This means 
^ T^^'^t T adjustmg apparatus fails to re- that the analog switch 58 detected the output level of 
spond to the ambient noise as if there were no ambient the adder-amplifier 57 repeatedly for a short time at 
noise. The volume of the loudspeaker 5 is reduced to regular intervals. The constant current circuit is con- 
such au extent that the ambient noise is not completely trolled by the output of the adder-amplifier 57 while the 
madced, and the microphone 6 detects the ambient sig- 10 analog switch 58 remains conductive. Smce the width 
nal thereby to increase the volume of the loudspeaker 5 of the pulse is sufficiently small in comparison with the 
again. Hie sound volume reduction and sound volume time constant determined by the resistor 84 and the 
incr^e are repeated thus annoying the listeners very capacitor 85, the potential across the terminals of the 
much- To avoid such a repetition of volume changes, capacitor 85 wiU never change abruptly. Thus, the cur- 
Ihe analog switch 58 is provided. 15 rent fiowing through the light^mitting diode 89. i.e. 

If the analog switch 58 were rendered non-conduc- load of the constant current circuit, wiU never change 
tive by a large volume of the loudspeaker 5 and re- abruptly, either. The output level of the volume adjust- 
mained non-conductive, the output of the adder- ing circuit 3 therefore changes slowly, thereby sup- 
amp ifier 57 would not be supplied to the non-inversion prying the masking of the ambient noise. Conse^ 
amplifier 86 even if the ambient noise level lowers to 20 quenUy. the volume of the loudspeaker 5 can be auto- 
drop the output voltage of the adder-amplifier 57. The maticaUy adjusted in a natural manner 
volume of the loudspeaker 5 would not therefore be As described above, in the wnbodiment of FIG 6, 
reduced The elements provided at the stages succeed- when the level comparator detects a high level output 
mg the level comparator 62 are to prevent such an of the volume adjusting circuit, the level comparator 
undersirable phenomenon. It wUl be now described 25 holds the output of the subtraction circuit, and at the 
how these elements function. same time various operations are repeated for a prede- 

When the inversion input voltage of the level com- termined time thereby to deliver the output of the sub- 
parator 62 becomes higher than the non-inversion input traction circuit from the level comparator, whereby the 
voltage, the output level of the level comparator 62 volume of the loudspeaker is adjusted by the output of 
changes from a positive value to a n^ative value. At 30 the subtraction circuit The apparatus of FIG 6 can 
the same time, the mtegrator 67, which has a tune con- therefore avoid an unnatural variation of sound volume 
stant determined by the resistor 65 and the capacitor 68, even if the ambient noise is masked by a large volume of 
starts operatmg, and its output level changes from a the loudspeaker, and the volume of the loudspeaker can 
negative value to a positive value. When the output be automatically adjusted in a natural manner 
voltage of the integrator 67 rises over the positive volt- 35 FIG. 7 illustrates another embodiment of the inven- 
age of the level comparator 74, the output level of the tion which improves the level comparison carried out in 
level comparator 74 changes from a positive value to a the embodiment of FIG. 6. 

negative one. Then, the capacitor 75 and the resistor 76 As shown in FIG. 7, the output of a rectifier 11 is 
and 77 generate a tngger pulse, which is supplied to the connected to the drain of an analog switch 112, the 
mput of the NAND circuit 78. The NAND circuit 78. 40 non-inversion input of a level comparator 113 and the 
inverters 81 and 82, resistor 80 and capadtor 79 consti- non-inversion input of a level comparator 114. The 
tute a monostable multivibrator. Upon receipt of the source of the analog switch 112 is connected to the 
tngger pulse, the monostable multivibrator produces a non-inversioninput of a buffer 115 and the ground 
positive pulse having a width which is determined by through a resistor 116. The output of the buffer 115 is 
the resistor 80 and the capacitor 79. The positive pulse 45 connected to the inversion input of the buffer 115 and to 
IS supphed from the mverter 82 to the gate of the analog the inversion mput of an inversion adder-amplifier 118 
switch As long as the positive pulse lasts, the analog through a resistor 117. The output of a rectifier 9 is 
switch w ramains conductive, thus short-circuiting the connected to the drain of an analog switch 119. The 
resistor The resistor 59 has such a resistance that the source of the analog switch 119 is connected to the 
output of the rectifier 11 is not affected even if the 50 non-inversion input of a buffer 120 and to the ground 
resistor 60 is short-circuited. Once the resistor 60 has through a resistor 121. The output of the buffer 120 is 
been short-circuited, the mver^on input potential of the connected to the inversion input of the buffer 120 and to 
level comparator 62 is reduced substantiaUy to zero. the inversion input of the adder-amplifier 118 through a 
me analog switch 58 is therefore rendered conductive resistor 122. The output of the mveision adder-amphfier 
and remams so so long as said positive pulse lasts. When 55 118 is connected to the inversion input of the adder- 
the output level of the level comparator 62 changes amplifier 118 via a resistor 123 and to the drain of an 
from a negative value to a positive value, the diode 66 is analog switch 124. The inversion input of the level 
biased backwardly and made non-conductive. The gate comparator 113 is connected to a movable contact of a 
voltage of the FET 69 therefore elevates to zero from a level adjustor 125 which is connected between a posi- 
^gative value, and the dram-source path of the FET 60 tive D.C. power source -f-B and the ground. The output 
©9. which has been non-conductive, is rendered conduc- of the level comparator 113 is connected to the gates of 
tive. As a result, the capacitor 68 is discharged through the analog switches 112 and 119. The inversion input of 
the dram-source path of the FET 69. The output of the the level comparator 114 is coraiected to a movable 
mtegrator 67 comes to have a negative value, and the contact of a level adjustor 126 which is connected be- 
integrator 67 is therefore reset. 65 tween the positive D.C. power source H-B and the 

The above-mentioned series of operations are re- ground, 
peated every time the inversion input voltage of the The output of the level comparator 114 is connected 
level comparator 62 becomes higher than the non-inver- to the control input of a non-stable multivibrator 134 
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which is constituted by a two-input NAND circuit 127, poMtive potential and renders the drain-source path of 
an inverter 128, resistors 129, 130 and 131, a diode 132 the analog switch 124 conductive. The output of the 
and a capacitor 133. The output of the level comparator inversion adder-amplifier 118 is therefore charged in the 
114 is connected also to one input of a NAND circuit capacitor 139 through the drain-source path of the ana- 
135. The output of the multivibrator 134 is coupled to 5 log switch 124 and through the resistor 137 and is sup- 
the input of an inverter 136, the output of which is plied to the non-inversion input of the buffer 138. The 
connected to the other input of the NAND circuit 135. buffer 138, FET 140 and resistor 141 constitute a con- 
The output of the NAND circuit 135 is connected to stant current circuit which uses the light-emitting diode 
the gate of the analog switch 124. The source of the 142 as a load. The positive D.C. voltage applied to the 
analog switch 124 is connected to the non-inversion 10 non-inversion input of the buffer 138 is to be applied on 
input of a buffer 138 through a resistor 137. The non- the light-emitting diode 142, and the current propor- 
inversion input of the buffer 138 is connected to the tional to the resistance of the resistor 141 is to flow 
ground via a capacitor 139. The inversion input of the through the light*emitting diode 142. In this case, how- 
buffer 138 is connected to the source of a FET 140 and ever, no current flows through the light-emitting diode 
to the ground through a resistor 141. The output of the 15 142. This is because the FET 140 is made non-conduc- 
buffer 138 is connected to the gate of the FET 140. The ti ve since the input level of the buffer 138 is zero or of 
drain of the FET 140 is connected to the cathode of a a negative value and thus its output level is also zero or 
hght-emitting diode 142, the anode of which is con- of a negative value. Consequently, the resistance of the 
nected to the positive D.C power source -hB, A CdS CdS element 40 does not change, and the attenuation 
element 40 for receiving Ught from the light-emitting 20 ratio of the volume adjusting cticuit 3 remains un- 
diode 142 is integrally formed with the diode 142. The changed, whereby the output volume of the loud- 
CdS element 40 and resistors 39 and 41 constitute a speaker 5 is maintained. 

volume adjusting circuit 3. Second, it will be described how the apparatus of 

Now it wUl be described how the onbodiment of FIG. 7 operates- in case there is an ambient noise. The 
FIG. 7 operates. 25 microphone 6 picks up a composite sotmd consisting of 

Inrst, it will be described how the apparatus operates the ambient noise and the sound from the loudspeaker 5. 
when diere if no ambient noise. Also in this embodi- The negative D.C. output of the rectifier 9 becomes 
ment, the level adjustors 8 and 10 are so designed as to larger by the value corresponding to the ambient noise 
render the D.C. output of the rectifier 11 either substan- component The sum of the inputs to the inversion add- 
tially equal to, or larger than the D.C output of the 30 er-amplifier 118 becomes a negative potential, and the 
rectifier 9. Further, the level adjustors 125 and 126 inversion adder-amplifier 118 generates a positive D.C 
render the voltage across the ground and the inver^on voltage which is proportional to the ambient noise com- 
input of the level comparator 113 lower than the volt- ponent If the analog switch 124 is conductive, the posi- 
age across ttie ground and the inversion input of the tive D.C output voltage of the adder-amplifier 118 is 
level comparator 114. 35 supplied to the input of the buffer 138 through the ana- 

When the voltage of the level comparator 113 is log switch 124 with a time constant determined by the 
lower than the minimum output D.C voltage of the resistor 137 and the capacitor 139. Then, a current de- 
rectifier 11 and when the voltage of the level compara- termined by the input voltage to the buffer 138 and the 
tor 114 is higher than the maximum output D.C voltage resistance of the resistor 141 flows through the light- 
of the rectifier 11, the output of the level comparator 40 emitting diode 142. According to this current, or 
113 has a positive potential. Thus, the drain-source amount of hght emitted from the diode 142, the resis- 
paths of the analog switches 112 and 119 are made con- tance of the CdS element 40 is reduced, thus decreasing 
ductive, whereby the output of the rectifiers 11 and 9 the attenuation ratio of the volume adjusting circuit 3. 
are supplied to the buffers 115 and 120, respectively. As The input level of the power amplifier 4 therefore rises, 
a result the buffers 115 and 120 produce outputs of the 45 and do does the output level of the power amplifier 4. 
same polarity. These outputs of the buffers 115 and 120 As a result, the output volume of the loud^>eaker 5 is 
are supplied to the inversion input of the inversion add- increased. 

er-amplifier 118 through the resistors 117 and 122, re- The louder the sound from the loudspeaker 5 grows, 
spectively. The adder-amplifier 118 produces an output the higher the output level of the microphone 6 be- 
the level of which is determined by the amplification 50 comes. The negative D.C. output level of the rectifier 9 
factor of the adder-amplifier 118 and the resistances of rises in proportion of the volume increase. At the same 
the resistors 117, 122 and 123. Since the absolute value time, the positive D.C output level of the rectifier 11 
of the positive D.C output of the rectifier 11 is substan- rises in proportion to the volume increase, too. The 
tially equal to, or larger than, that of the negative D.C sound component in the output of the adder-amplifier 
output of the rectifier 9, the sum of the inputs to the 55 118 is reduced substantially to zero. This is because the 
adder-amplifier 118 becomes zero or has a positive absolute value of the positive D.C output of the recti- 
value. The output of the inversion adder-amplifier fier 11 is substantiaUy equal to that of the negative D.C 
therefore becomes zero or has a negative value. output of the rectifier 9 when there is no ambient noise. 

Since the voltage of the level comparator 114 is Thus, the loudspeaker 5 generates sound the volume of 
higher than the D.C. output voltage of die rectifier 11, 60 which is proportional to the ambient noise component 
the output of the level comparator 114 has a negative in the output of the adder-amplifier 118. When the am- 
potential. The non-stable multivibrator 134 therefore bientnoiseceasesunder this condition, the output of the 
does not oscillate, and its output has a negative poten- inversion adder-amplifier 118 is reduced substantially to 
tial. Thus, the NAND circuit 135 receives the negative zero. If the analog switch 124 is conductive, the capaci- 
potential from the level comparator 114 and a positive 65 tor 139 is discharged through the resistor 137, and the 
potential obtained by inverting the negative potential input to the buffer 138 becomes a zero potential. Thus, 
from the multivibrator 134 through the inverter 136. As no current flows through the light-emitting diode 142. 
a result, the output of the NAND circuit 135 has a The resistance of the CdS element 40 is restored. 



whereby the output volume of the loudspeaker 5 is 
brought back to llie initial value. 

Thirs, it will be described how the apparatus of FIG. 
7 operates when there is an ambient noise of a high 
level. When the microphone 6 picks up the ambient 5 
noise, the output volume of the loudspeaker 5 increases 
very much. Then» the D.C output level of the rw:tifier 
11 becomes higher than the voltage of the level compar- 
ator 114. The output of the level comparator 114 be- 
comes a positive potential, whereby the non-stable mul- 10 
ttvibrator 134 starts working, thus generating pulses 
having such a waveform as illustrated in FIG. 3. As a 
result, the NAND circuit 135 produces pulses having 
the same waveform as shown in FIG. 3. The width of 
the pulses during which the pulse level remains po^tive 15 
is sufGciently small with respect to r^)etition period and 
the time constant determined by the resistor 137 and the 
capacitor 139. 

The analog switch 124 remains conductive during the 
po^tive potential period of the pulse and non-conduc- 20 
tive during the negative potential period of the pulse. In 
response to the pulses the analog switch 124 is rendered 
alternately conductive and non-conductive. The poten- 
tial across the terminals of the capacitor 139 is sid»tan- 
tially equal to the output level of the inversion adder- 25 
amplifier 1}8 immediately before the analog switch 124 
is rendered repeatedly conductive and non-conductive. 
When the analog switch 124 is non-conductive, the 
potential of the capacitor 139 is maintamed. When the 
switch 124 is conductive, the potential of the capacitor 30 
139 varies according to the output of the inversion 
adder-amplifier 118, Since the conductive period of the 
analog svvritch 124 is far shorter than the non-conductive 
period, the potential of the ca^>acitor 139 changes very 
little in comparison with the variation of the output of 35 
the inversion adder-amplifier 118. Thus, every time the 
above-mentioned positive pulse is genorated, the ou^ut 
of the adder-amplifier 118 is detected repeatedly at 
specific intervals, each time for a very short time. While 
the analog switch 124 remains conductive, the potential 40 
of the capacitor 139 controls slowly the constant cur- 
rent circuit in accordance with the output of the inver- 
sion adder-amplifier 118. Thus, the output level of the 
volume adjusting circuit 3 changes slowly since the 
current flowing through the light-emitting diode 142, 45 
i.e. the load of the constant current circuit does not 
change sharply. The masking of the ambient noise is 
therefore suppressed. As a result, the output volume of 
the loudspeaker 5 can be adjusted in a natural manner. 

Suppose the analog switch 124 is not provided and 50 
that the inversion adder-amplifier 118 is connected di- 
rectly to the resistor 127. Then, the microphone 6 fails 
to detect the ambient noise if the sound from the loud- 
speaker 5 is large enough to roa^ the ambient noise. 
This is equivalent to a drop of the ambient noise level. 55 
The volume of the loudsp^ker 5 is therefor reduced to 
such extent that the ambient noise is not completely 
masked. Then, the microphone 6 detects the amtnent 
noise thereby to increase the output volume of the loud- 
speaker 5 again. The sound volume reduction and sound 60 
volume increase are repeated, dius annoying the listen- 
ers very much. Further, if the analog switch 124 were 
rendered non-conductive by a large volume of the loud- 
speaker 5 and remained non-conductive, the output of 
the inversion adder-amplifier 118 would not be supplied 65 
to the buffer 138 even if the ambient noise lowers 
thereby to drop the output voltage of the adder- 
amplifier 118. The volume of the loudspeaker 5 would 
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not therefore be reduced. To prevent such an undesir- 
able phenomenon, the non-stable multivibrator 134, 
NAND circuit 135 and inverter 136 are provided at the 
stages succeeding the level comparator 114. 

Now it will be described how the apparatus shown in 
FIG. 7 operates when the loudspeaker 5 generates no 
sound, thus rendering the output level of the rectifier 11 
lower than the voltage of the level comparator 113. In 
this case, the output of the level comparator 113 be- 
comes a negative potential and make both analog 
switches 112 and 119 non-conductive. When these 
switches 112 and 119 are rendered non-conductivev the 
input and output of the bufTers 115 and 120 become a 
zero potential because the non-inversion inputs of these 
bufiers 115 and 120 are connected to the ground 
through the resistor 116 and the resistor 121, respec- 
tively. Thus, the output of the mversion adder-amplifier 
118 becomes a zero potential, and no current flows 
through the hght-emitting diode 142. As a result, the 
output level of the volume adjusting circuit 3 is main- 
tained at the initial value. The analog switch 119 re- 
mains non-conductive even if an ambient noise exists 
under these circumstances. The output of the rectifier 9 
is not therefore supplied to the buffer 120, and no cur- 
rent flows throng the light-emitting diode 142. Ac- 
cordingly, the volume adjusting drcuit 3 is maintained 
at the initial value. 

Suppose the analog switch 119 were not provided 
and that the output of the rectifier 9 were connected 
directly to the input of the buffer 120. Then, if the loud- 
speaker 5 remains silent for a certain period of time and 
if an ambient noise exists udring this period of time, the 
rectifier 9 produces a negative D.C. voltage corre- 
sponding to the ambient noise. This negative D.C. volt- 
age is supplied to the inversion adder-amplifier 118 
through the buffer 120 and converted into a positive 
D.C voltage by the adder-amplifier 118. The positive 
D.C. voltage thus obtained is supplied to the buffer 138 
through the analog switch 124, thereby reducing the 
attenuation ratio of the volume adjusting circuit 3. The 
moment the loudspeaker 5 starts generating sound 
under this condition, its output volume inevitably 
grows too large. 

The analog switch 112 may be dispensed with. But, 
without it, the output of the rectifier 11 would contain 
a positive D.C. voltage which is generated by a noise or 
the like in the sound circuit syston and which is lower 
than the voltage of the level comparator 113. If this 
happens, the positive D.C. voltage is supplied to the 
inversion adder-amplifier 118 via the buffer 115 and is 
converted into a negative O.C, voltage. The output of 
the adder-amplifier 118, which is thus a negative poten- 
tial, is supplied through the analog switch 124 and the 
resistor 137 and is charged in the capacitor 139. As a 
result, the automatic volume adjusting operation is de- 
layed a little by a period of time during which the po- 
tential across the terminals of the capacitor 139 changes 
from a n^ative value to zero potential when the loud- 
speaker 5 starts generating sound. 

The analog switches 112 and 119 are provided to 
avoid a delay in automatic volume adjusting operation 
and an unnecessary increase in the output volume of the 
loudspeaker 5. 

As mentioned above, in the embodiment of FIG- 7, 
two level comparators are used to detect the level of a 
D.C signal obtained from an output sound signal of the 
voliune adjusting circuit. A D.C. signal the level of 
which is higher than the lower one of the voltages of 
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the two level ccHQparatdrs is taken from a D.C signal 
corresponding: to a compd^te sound consisting: of the : 
sound from: the loudspejaiker :and an ambient noise, 
theieby removihg the sound ck>inpoii^t from the com-: ' : 
posite souiid; The output obtained by this Subtraction ^ '. 
iitiltzed tb : control die output Volume of the Idud- 
speaker. When the level of the D:C. sigiial bbtain^ 
Iroin an Output sound signid of the volume adjusting 
circuit is higher than the higher oiie of the voltages of - 
the two levd comparators, the oiitput obtained by isaid 
subtraction is : hdd^ the : ou^ut : vc^ume of the : louc^ : 
speaker is repeatedly controlled for a predetermined: ; 
time at specific intar%^ and dien the output obtained 
: by the subtraction is released, :thu$ adjusting the output 
volume of tlk: loudspleaker little by littler Furdier, when i*' 
: the' level of thb ti.C^ sagiial: olbtained from an output; ; 
sound signal of the yojume adjuStii^ circuit b lov^ ] 
than the lower one of the yiplta©ra; of the two; leyd : ; 
coimparatjDrs, : the ou^ut obtained by the subtraddon ^: 
: becomes a: ^6 potentiaiy ^yhiereby Ithe output: yc^ume: ; : 
of the loudspeaker is iibt adjusted at :al|i 
: described above, according; to this inyentipii there 
; is provided an automatic volume adjusting apfraffutus : 
wherein the output yoliune of a loudspealuer is adjusted 
: automatically according :to [ the^ level; of an: ambient; 
noise, whereby the volume of: sound never becomes : 
unslable even^ the ambient noise is masked by too large: 
a; sound from -the Icmdspeaker^ nor does the output vol-: : 
ume of the loudspeaker become momenlarily toQ iarge 3^ 
when the louspeaker starts generating sound. 

What claiiped is:^ . 
: 1. An automatic volunae adjusting appa^^ : 
M»g: 



a volume adjusting : device : ccHinected between ; a :^ 
: sound signal source and a loudspe^ceq ; : ; ; ; ; 
means for: generating a first: signal corresponding to 

the levd of a sound signal supplied from the sound 

signal source to the loudspeako*; 
means for g^erating a second signal corresponding 40 

to the level of a composite sound which includes 

sound generated by the loudspeaker and ambient 

noise; 

means for processing the first and second signals so as 
to generate a third signal corresponding substan- 45 
tially to only the level of the ambient noise; 

means for sampling the third ^gnal at predetermined 
intervals; 



means for holding the output of the sampling means 
: : for a pr^etermined period of tim^ and : ; : 
means for controlling, according to the output of the 
lK)Iding means, the level of the sound signal passing 
: through the volume adjusting device. : : : : : 
2. The automatic volume adjusting apparatus accorii^ 
ing to claim 1, wherein said holding means has a rela- . 
tivdy smali write-in time :constant aiid a relatively large: 
:readout tinae constant. 

i: The autoinatic volume adjustmg apparatus accord- 
ing to daim 2, further comprising means for detecting, 
the level of a sound sigtud supplied from said sound : 
sAgfsai source to saidi loiuispeaker; and ; nieans: for: pr^ 
venting tbe supply of the first and second signals to the 
third signal generatiiig means when the level detecting 
means detect that the leyel of the sound ^gnal is: sub- 
stantisdly zwx).^ ^ ^ ^ ^ ^ ^ ^ ^ ; : 

4. ilie autoinatic volume adjusting aj^ii>aratus accord- 
ing tb dimin l,;furth^ iconiprisinjg; ineans for detecting 
the level of the: first signal and means for: causing: said 
holding' ine^ ito : hold :tti^ : cmtput : of said : sampling 
mieans for thb i>ied6tentiined jp^riOd 6f time iwjia^: the 
level of the first signal; is high^ than a predetermnted 
value and for supplying the output of the third signal 
generating means to said vbhunb adjusting device :Urhen 
the level of the first signal is lower than the predet^r 
mined value. 

5. The antCHiiatic vbliune adju^g apparatus accord^ 
ing to claini 4^ wherein said means for detecting the 
level of the first signal indndes a first level comparator 
which produces an ou^>ut when the level: of the- first 
signal is higher than a first predetermined value and a 
second levd comparator which produces an, output 
when the level of the first signal is lower than a second 
predetermined ■ value :smaUer : than the : first predeteirr 
mined vahi^' and further comprisdhg mes^ for supplyr 
ing die output of said third signal generating means to 
said volume adjusting device when the levd of the first 
signal is higher than the first predetermined value and 
lower than the second predetermined value, means for 
causing said holding means to hold the output of the 
sampling means for said predetermined period of time, 
according to the output of the first level comparator, 
and means for stoppmg, according to the output of the 
second levd comparator, the volume adjusting opera- 
tion effected by the output of said third signal generat- 
ing means. 
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[57] ABSTRACT 
An intercom system for remote banking which facili- 
tates communication between a teller terminal and a 
remotely located customer terminal. A two-way 
speaker is provided at the customer's location and a 
separate microphone and a speaker are provided at 
the teller's location. An amplifier in the communica- 
tion path linking the two stations is connected such 
that normally its input is responsive to the customer 
two-way speaker with its output feeding the teller 
speaker, permitting the customer to talk to the teller 
When the teller speaks into the microphone, and as- 
suming his volume level exceeds a predetermined first 
level, the amplifier automatically switches to connect 
the teller microphone to the amplifier input and the 
customer two-way speaker to the amplifier output, 
permitting the teUer to talk to the customer. When the 
level of the teller microphone signal falls below a sec- 
ond predetermined level which is less than the first 
level to permit the teller's voice to drop without losing 
control of the direction of communication, the inter- 
com system will switch to again permit the customer 
to talk to the teller. The system is additionally pro- 
vided with a muting signal which disconnects the teller 
speaker whenever the ambient noise level at the cus- 
tomer's location is high due to mechanical movement 
of a drawer or pneumatic carrier at the customer's lo- 
cation. 

16 Claims, 6 lowing F^res 
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REMOTE BANKING INTERCOM SYSTEM 

This invention relates to intercom systems and more 
particularly to a remote banking system intercom for 
communicating between a bank teller location and a 
remote customer location. 

In the drive-in banking field, a form of remote bank- 
ing, the bank teller and customer are usually separated 
by a distance anywhere from 6 to 30 feet, with the cus- 
tomer being in his car and the teller in a fully>enclosed 
booth attached to the main bank building which has a 
window lookmg out on the customer terminal. There 
may be a single teller station uniquely associated with 
one customer unit; or alternatively several teller sta- 
tions servicing an even larger number of custonier 
units, with each teller being able to service any one of 
the customers. Such drive-in systems, whether multista- 
tion or not, permit the customer to conduct banking 
business from his car. In a related type of remote bank- 
ing system, a sidewalk window is provided where cus- 
tomers, albeit not in cars, conduct their business from 
Uie sidewalk without having to enter the bank. 

Remote banking systems of the types described re- 
quire some method for transferring cash, checks, de- 
posit slips and the like between the teller and the cus- 
tomer. In one form, a sliding drawer, controlled by the 
teller, is provided. The drawer is opened proximate the 
customer to permit the customer to deposit a check or 
cash therem. The teller then closes the drawer and 
thereafter removes the articles from the drawer. The 
teller then performs certain operations for accounting 
purposes before placing a receipt, cash or the like in 
the drawer. The drawer is again opened to the cus- 
tomer to allow the customer to remove the item from 
the drawer. While a sliding drawer is commonly used, 
a pneumatic carrier conveying system is also used, the 
pneumatic carrier system taking the place of the sliding 
drawer. An advantage of the pneumatic carrier ap- 
proach is that it permits the teller to be located large 
distances from the customer. Pneumatic systems are 
particulariy adaptable to drive-in or walk-up banking 
systems having many customer locations serviced by 
one or more tellers. 

In all remote banking systems an intercommu- 
nication system is necessary to permit conversation be- 
tween the teller who is in an enclosed booth, and the 
customer who may be many feet away. The customer 
must be able to inform the teller of any special request 
he may have, for example, the type of change he would 
prefer, and the teller has to be able to speak to the cus- 
tomer, for example, to ask the customer to endorse a 
check. 

Experience has shown that it is preferable to place 
the teller in control of the direction of communication 
for the intercom since it is the teller who most often 
must initiate conversation. Additionally, for ease of op- 
eration the communication system should operate with 
as little manual intervention as possible to permit the 
teller and the customer to use their hands for other pur- 
poses. Accordingly, by permitting the teller^s voice to 
control the direction of communication, not only will 
the teller be in control, but the teller's hands will be 
free to write or to use them for some other transaction- 
related purpose. 

An intercommunication system for a remote banking 
installation must also function in a manner which ac- 
commodates varying conditions of use. For example. 
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while the teller is speaking to the customers, he may 
have to step back away from the microphone in order 
to use an adding machine, view cash he is removing 
from the cash drawer, or the like. While this causes the 
5 volume of the teller's voice to drop, it should not cause 
the communication direction, which is under contrbl of 
the teller's voice, to switch until the teller has Hnished 
talking. 

Another variable in a remote banking system is the 
10 volume of the customer's voice as reproduced by a 
speaker at the teller's location. This sound will couple 
into the teller's microphone, but should not activate the 
intercom direction switching controls. While the sys- 
tem must reproduce the normal customer's voice at a 
15 level loud enough for the teller to hear, means must be 
provided to prevent the customer's voice from activat- 
ing the communication direction switching controls 
should the customer suddenly speak loudly. 
A further variable in a remote banking system arises 
20 from noise caused by the mechanical movement of the 
drawers an/or pneumatic carriers or caused by other 
ambient noise at the customer's location which occurs 
when the customer is talking. If these customer station 
noises, when reproduced at the teller station, are 
25 picked-up by the teller's microphone, the direction of 
communication will be reversed, cutting-off the cus- 
tomer. 

It is a primary object of this invention to provide an 
intercommunication system for remote banking instal- 
lations which permits only the teller to control the di- 
rection of communication with his varying amplitude 
voice while preventing annoyance caused by switching 
and mechanical sounds. 
It is a related object of this invention to prevent cus- 
35 tomer station-originated noise reproduced at the tell- 
er's speaker from switching the direction of communi- 
cation while the customer is still speaking. 

It is still another related object of this invention to 
prevent the mechanical sounds of drawer opening and 
^ pneunmtic carrier operation from being reproduced at 
the teller's location, coupling back into the teller's mi- 
crophone and reversing Ae communication direction. 

It is another object of this invention to provide an in- 
tercom system having a switchable communication di- 
rection controlled by the volume of the teller's voice. 
When the teller's voice rises above a first threshold, the 
teller is permitted to talk to the customer and limited 
variation in level of the teller's voice below this thresh^ 
old is permitted thereafter without changing the com- 
munication direction. 

These and other objects and advantages are achieved 
by a remote banking mtercom system which includes a 
two-way speaker at the customer's location which is 
normally connected to the input of a power amplifier 
whose output is connected to a speaker at the teller's 
location,, permitting the customer under normal condi- 
tions to talk to the teller. A microphone at the teller's 
^ location is provided which is connected to an ampli- 
tude-sensing circuit for controlling the direction of 
communication. When the sensed level at the teller mi- 
crophone exceeds a fint level, the two-way speaker at 
the customer location is switched from the amplifier 
input to the amplifier output and the microphcme at the 
teller location is connected to the amplifier input, per- 
mitting the teller to talk to the customer. Communica- 
tion from the teller microphone: to the customer two- 
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way speaker continues as long as the volume at the and 15. The switch 13 may take the form of an elec- 

teller microphone does not fall below a second prede- ironic switch, or, in a preferred embodiment, may be 

termined level, which is less than the first level. Thus, a relay (Kl),activated contact, for electrically connect- 

the volume of the teller's voice can vary within limits ing the input 12 to one of the two outputs 14 and 15, 
without effecting reversing the direction of communi- 5 

cation. Of course, if the level at the teller microphone A single-pole, single-throw switch 16 with an input 
drops below the second threshold, as occurs when the terminal 17 and an output tenninal 18 is also provided 
teller stops talking, the system will revert to its normal in the network and is switched at the same time as 
condition with the customer being able to talk to the switch 13. The switch 16 may also comprise an elec- 
teller. 10 tronic switch having the same control signal as switch 
The intercom system of this invention further in- 13, or may comprise a separate set of contacts con- 
cludes a microphone sensitivity control network for re- trolled by the relay Kl. Because switches 13 and 16 op- 
ducing the sensitivity of the microphone under certain erate together, the input 12 of switch 13 is connected 
conditions. The sensitivity reduction occurs whenever to the output 14 at the same time as the input 17 of the 
the system is connected to permit communication from 15 switch 16 is disconnected from the output 18. When 
the customer to the teller, and operates to prevent a the switch 13 is changed, the switch 16 will also be 
customer, speaking in a loud tone of voice, from changed so that the input 12 for switch 13 connects to 
switching the communication direction via audible the output 15 while the input 17 of switch 16 connects 
feedback from the teller speaker to the teller micro- to the output 18. 

phone. Preferably, the microphone sensitivity is also 20 The switch 13 has the primary function of switching 

reduced under conditions of high ambient noise at the the electrical connection to the customer two-way 

teller's station to prevent ambient noise conditions at speaker 10 to permit the customer to either talk or lis- 

the teller*s location from switching the direction of ten. In the customer talk mode, switch 13 connects the 

communication when a customer is talking. In addition, input 12 to the output 14 permitting electrical signals 
a muting circuit is provided for disconnecting the tell- 25 from the two-way speaker 10 to be amplified by a pre- 

er's speaker whenever an interconnected mechanical amplifier circuit 19. In the customer listen mode, 

apparatus, such as a sliding drawer or pneumatic car- switch 13 connects the input terminal 12 to the output 

rier, will produce a high noise level at the customer's terminal 15 permitting the two-way speaker 10 to be 

location which noise when reproduced at the teller connected to a power amplifier 38 and allow the cus- 

speaker and coupled back to the teller microphone tomer to hear the teller^s voice, 

would switch the communication direction. In the preferred embodiment shown in FIGS. 3A-3B, 

The foregoing and other objects, features and advan- the preamplifier 19 comprises two series-connected in- 

tages of this invention will be more readily understood tegrated circuit amplifiers. While an integrated circuit 

from the following more detailed description of a pre- amplifier has been utilized, a discrete component am- 

ferred embodiment thereof taken in conjunction with plifier circuit with similar gain characteristics may also 

the accompanying drawings which form a part of this be used without degrading system performance, 

disclosure wherein: The output of the preamplifier 19 is connected di- 

FIG. 1 shows a schematic diagram, in block circuit rectly to the input of a level control means 20 which 

format, of a preferred embodiment of this invention; provides the teller with a volume control for the teller 

FIG. 2 is a timing diagram showing signals at various speaker 21. The level control 20 may take the form of 

points in the schematic diagram of FIG. 1; a variable resistor or some other conventional means 

FIGS. 3A and 38 are detailed circuit diagrams of one for varymg the level of a signal. The level control 

form of the system shown in FIG. 1; means 20 has an output wire 22 for carrying a control 

FIG. 4 shows schematically a remote banking inter- signal whose amplitude depends upon the setting of the 

com system with two teller and three customer loca- level control means 20. This level-indicating signal is 

tions; and utilized by feedback control logic to be described later. 

FIG. 5 shows a switching network for a remote bank- 
ing intercom system with more than one teller location The level control means 20 includes circuitry for 
and also more than one customer location. controlling the output level of the audio signal on the 

Referring now to FIG. 1, a schematic diagram is " output wire 23. In a preferred embodiment, the level 

shown of an intercommunication system particularly control means 20 advantageously comprises a voltage 

adapted for use in a remote banking system. A two-way controlled amplifier that has a controllable variable 

speaker 10 is provided at the customer location and op- gain characteristic responsive to a control voltage. In 

erates as a microphone for communications from the FIG. 3A the voltage-controlled amplififer 24 has an 

customer to the teller, while operating as a speaker for input lead 25 connecting to the control terminal of the 

communications from the teller to the customer. voltage-controlled amplitier. The output terminal of 

An elecUical wire 11 is provided to electrically con- voltage-controlled amplifier 24 is connected through a 

nect the customer two-way speaker 10 to the input ter- high pass filter to the output line 23. The control signal 

minal 12 of a single-pole, single-throw switch 13. The which is applied to the control terminal of the voltage 

electrical wire 1 1 may be any type of electrical cable control amplifier 24 is generated by varying the voltage 

having a low d.c. resistance, although a shielded twisted at point 26. The varying voltage at point 26 is produced 

pair or other form of shielded cable is advantageous in by controlling the current through transistor 27. This 

reducing stray coupling of spurious electrical signals varying current is produced by the adjustable biasing 

which may be present in systems where the customer network connected to the base of transistor 27 which 

is located at a distance from the teller. includes a variable resistor 28, normally remotely lo- 

The single -pole, double-throw switch 13 has in addi- cated at the teller's location to permit volume adjust- 

tion to the input terminal 12 two output terminals 14 ment. By varying the voltage on the wire 29, the cur- 
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rent through transistor 27 can be varied, producing a 
varying voltage at the control input to the voltage con- 
trol amplifier 24. The level-carrying wire 22 connects 
directly to the wire 29 and carries a voltage which is re- 
lated to the output amplitude of the voltage-controlled 
amplifier 24, 

Referring again to FIG. 1, the output signal on line 23 
connects to the input terminal 30 of a single-pole, sin- 
gle-throw switch means 31, the switch 31 being nor- 
mally closed (K2 on) allowing the signal at the input 30 
to be connected directly to the output terminal 32, An- 
other switch means 33 of the single-pole, double-throw 
type having an input terminal 34 and two output termi- 
nals 35 and 36 is provided and is designed to switch at 
the same time as switch means 31. Normally switch 
means 33 will connect the input terminal 34 to the out- 
put terminal 36 and at the same time, switch means 31 
will connect the input 30 to the input 32. When switch 
means 31 is changed, switch means 33 will also be 
changed so that the input terminal 30 is disconnected 
from the output terminal 32 of switch means 31 and the 
input terminal 34 of switch means 33 is connected to 
the output terminal 35. 

Switch means 31 and 33 may take the form of elec^ 
tronic switches with common control signals, or advan- 
tageously may take the form of contacts of a relay K2. 

The amplified signal of the customer's voice is car-" 
ried by a wire from the output terminal 32 of switch 
means 31 to the input terminal 37 of the power ampli* 
fier 38. the power amplifier 38 shown in the preferred 
embodiment in FIG. 3A is an integrated circuit ampli- 
fier, although a discrete component amplifier circuit is 
equally acceptable. The amplifier output 39 connects 
directly to the input terminal 34 of switch means 33 
and, when switch means 33 is in its normal position 
(FIG. 1), the amplifier output signal will be connected 
to the teller's speaker 21. When the relays Kl and K2 
are in the normal position shown in FIG. 1 (Kl off and 
K2 on), the two-way speaker 10 is connected in a talk 
mode via switch means 13 to the preamplifier 19, the 
level control means 20, the power amplifier 38 and the 
speaker 21 permitting the customer to talk to a teller 
at a remote location. 

The teller microphone 40 and the teller speaker 21 
are normally located close to each other at a location 
which is remote from the customer location. The teller 
microphone 40 is connected to a preampli^er circuit 
41 which, in the preferred embodiment shown in RG. 
3 A, comprises two series-connected integrated circuit 
amplifiers. While integrated circuit amplifiers are pre- 
ferred, other discrete component amplifiers are equally 
acceptable as long as the amplifier gain is sufficient to 
provide adequate volume at the customer location to 
allow the teller to be heard by the customer. 

The output of the preamplifier 41 is connected by a 
wire to the input of a voltage control amplifier circuit 
42. The voItage<ontroIled amplifier 42 controls the 
microphone gain to prevent feedback from the teller 
speaker 21 to the teller microphone 40, a feature which 
will be explained later in greater detail. The output of 
the voltage-controlled amplifier 42 appears on line 43 
and is connected by a wire to the input terminal 17 of 
switch 16 and to the input terminal of the amplifier 44 
which includes, in a preferred embodiment, an inte- 
grated circuit amplifier followed by a discrete compo- 
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nent driver circuit to produce an amplified teller's sig- 
nal on the output line 45. 

The amplified output of the teller's voice on wire 45 
is applied to the input of a pause circuit 46. As shown 

5 in FIG. 3B, pause circuit 46 includes a resistor 47 con- 
nected at one end to the output line 45 and at its other 
end to a diode 48, the diode 48 providing a half-v^ave 
rectification of the amplified teller's voice. The output 
of the diode 48 is connected to a capacitor 49 which 

10 becomes charged whenever a signal from the teller's 
microphone is applied to the input of the pause circuit. 
Connected in parallel with the capacitor 49 is a series- 
connected resistor 50 and a variable resistor 51 which 
provide a variable resistance discharge path for the ca- 

t S pacitor 49. The diode, the positive lead for the capaci- 
tor 49 and the series-connected resistors all connect to 
the base lead 52 of a transistor 53 which forms an emit- 
ter-follower circuit producing an output for the pause 
circuit at line 54. 

20 In operation the pause rectifies the teller speech sig- 
nal received on Hne 45 from amplifier 44. The positive 
voltage peaks build up a positive charge on the capaci- 
tor 49. When the output of the amplifier 44 has a volt- 
age which is less than the voltage across the capacitor 

25 49, the capacitor will discharge gradually through resis- 
tors 50 and 51. Since the charge remains on the capaci- 
tor 49 after the teller stops talking, the retained charge 
is used by a level sensing circuit (described later) to 
maintain control over the direction of communication 

^0 and permit the teller to pause without changing the 
communication direction. 

The output of the pause circuit 46 is on wire 54 
which is connected to the input of a level-sensing cir- 
cuit 55. The level-sensing circuit 55 is an adjustable 
though preset circuit which is designed to produce a 
signal at one level only when the input exceeds a first 
predetermined reference level and to produce an out* 
put at a second level only when the input falls below a 
second predetermined level which is less than the first 

^ predetermined reference level. The output of the level- 
sensing circuit 55 appears at output point 56 and a typi- 
cal output signal is shown in FIG. 2 for the iiiput at line 
54. With reference to FIG. 2, when the input level of 
the teller speech signal on wire 54 exceeds an arbitrar- 
^ ily selected reference level shown as zero db. at 57A, 
the output of the level-sensing circuit 55 shifts from a 
first level shown at 56A to a second level shown at 56B. 
Once the output of the sensing circuit 55 switches to 
the second level, the speech input signal 57 on wire 54 
" can vary above or below the 0 db. reference level. If the 
speech signal level at input 54 falls to -6db., the sens- 
ing circuit 55 output 56 returns to its first level 56C. By 
permitting the output of level-sensing circuit 55 to re- 
main constant over a wide range of input amplitudes as 
will be seen shortly, the teller can maintain control over 
' the communication direction even if the amplitude of 
his voice at the teller microphone varies above and as 
much as 6 db. below the arbitrarily selected zero db. 

^ reference level required to activate teller communica- 
tion to the customer. 

The level-sensing circuit 55 as shown in FIG. 3B for 
a preferred embodiment of the present system com- 
prises a Schmitt trigger circuit h is well known that a 

^5 Schmitt trigger will produce an output at one level 
whenever the input signal exceeds a predetermined 
level which is adjustable by controlling the trigger bias. 
It is a further known characteristic of Schmitt triggers 
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that the output ts unchanged until the input level falls 
a predetermined amount below the input level required 
to produce the switched output. Consequently, a 
Schmitt trigger circuit is ideally suited for the applica- 
tion in the intercom system because it will permit the 
teller input signal to drop a predetermined amount 
without changing the output. While a Schmitt trigger 
circuit has been shown in FIG. 3B as a preferred em- 
bodiment for the level-sensing circuit 55, it will be rec- 
ognized by those of skill in the art that certain other cir- 
cuit configurations may also be utilized to produce the 
same results achieved with a Schmitt trigger. 

Because the output signal from the level-sensing cir- 
cuit 55 is a two-level signal having an up and a down 
level, this output signal is ideally suited for driving digi- 
tal logic circuitry to control the switches 13, 16, 31 and 
33. The signal at point 56 is applied to the input of a 
delay circuit 60, the delay output 61 being a signal 
identical to the input at point 56 delayed by a delay 
time T. The delay circuit 60 may take the form of a digi- 
tal delay line or, as in a preferred embodiment shown 
in FIG. 3B, may take the form of two amplifier stages 
with a capacitor in the base circuit of the second ampli- 
fier stage whose charging and discharging charging 
through a resistor is utilized to delay the output on line 
61 by a time related to the RC time constant. The de- 
layed signal on line 61 is applied to one input of an 
AND circuit 62 and one input of the NOR circuit 63, 
The second input to AND circuit 62 is the signal on line 
56. This signal is also applied to a second input to the 
NOR circuit 63. 

In operation, the NOR circuit 63 has an output 64 
which is approximately 2.5 volts for the preferred em- 
bodiment shown in FIG. 3B when the input on line 56 
is approximately zero volts, a condition which indicates 
that the volume at the teller microphone is below the 
arbitrary reference level designated 0 db. However, 
when the input signal on line 56 rises to a positive value 
as depicted at point 56B in FIG. 2, the output 64 of the 
NOR circuit 63 falls to substantially 0 volts as shown 
generally at 65. In fact, if the voltage at either NOR 
input is positive, the output 64 of the NOR circuit 63 
will be substantially zero volts. If both inputs 66 and 67 
have a zero or negative voltage applied thereto, the 
output 64 will be approximately +2.5 volts. 

The output 64 of NOR circuit 63 is coupled directly 
to the base of the K2 relay driving transistor 68. When- 
ever the output 64 of the NOR circuit 63 is positive, 
transistor 68 will be conducting and current will pass 
through the K2 relay coil 69 causing the relay contacts 
to be closed. Switches 31 and 33 are controlled by the 
K2 relay and are drawn in FIG. 1 with the electrical 
connections corresponding to the conditions when the 
K2 relay coil 69 has a current flowing therethrough, 
i.e., K2 is on. When the voltage at the NOR output 64 
falls to zero, however, transistor 68 will no longer con- 
duct and the K2 relay will be de-energized, thus chang- 
ing the electrical connections for switches 31 and 33. 

The AND circuit 62 will produce a positive output 
signal on line 70 whenever both inputs are at a positive 
level, and will have a zero voltage if either input is zero. 
Since one of the inputs is the signal on line 56 and the 
other input is the signal on line 56 delayed by a time 
delay r, the output of AND circuit 62 will rise to a level 
of approximately 4-2.5 volts only when both inputs have 
become positive. Consequently, as seen in FIG. 2, the 
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output 70 rises to its positive level a time period r after 
the signal on line 56 rises which corresponds to the 
same time delay after the signal on line 64 falls to its 
substantially zero voltage value. 

5 The signal on line 70 is connected directly to the base 
circuit of the Kl relay driver transistor 71. Whenever 
the signal on line 70 is positive, the transistor 71 will 
conduct and cause a current to flow through the Kl 
relay coil 72. The switching of the Kl relay will cause 

10 switches 13 and 16 of FIG. 1 to be changed from the 
configuration there shown to the connection indicated 
in dotted lines. 

Because of the sequential nature of the logical ele- 
ments used for controlling the Kl and K2 relays, these 
relays operate in a predetermined sequence to switch 
the system configuration. In the system in FIG. 1, 
whenever the teller is silent and no signals are being re- 
ceived by the teller microphone 40, the Kl and K2 re- 
lays are positioned as shown and permit a customer to 
speak into the two-way speaker 10 and talk to the 
teller. For the configuration which permits the cus- 
tomer to talk to the teller, the K2 relay is energized and 
the Kl relay is not energized. When the teller speaks, 

25 however, the system configuration will be changed se- 
quentially. This is best shown in FIG. 2 at the point 57 A 
where the teller^s voice is of a sufficient volume to 
begin system reconfiguration. Whenever the teller's 
voice exceeds the predetermined level indicated as 0 

30 db., the signal at line 64 will fall to its down level as in- 
dicated at point 65 to cause the K2 relay to turn off and 
change the switches 31 and 33. 

When the K2 relay is de-energized, the output of the 
level control means 20 is disconnected from the switch 

35 output terminal 32, consequently removing the two- 
way speaker 10 from the input to the power amplifier 
38 and preventing customer signals from reaching the 
input to the power amplifier 38. Simultaneously, switch 
33 is changed so that the output 39 from the power am- 

40 plifier 38 is connected electrically to the output termi- 
nal 35 of the switch 33, disconnecting the speaker 21 
from the power amplifier 38. 

After the time period t has elapsed, the Kl relay is 
activated and the switch 13 is changed to connect the 

45 speaker 10 to the output of the power amplifier 38, Si- 
multaneously, the switch 16 is also activated which 
connects the microphone 40 to the input to the power 
amplifier 38 which completes the necessary system re- 
configuration to permit the teller to speak into the mi- 

50 crophone 40 and have the customer hear the teller's 
voice reproduced by the two-way speaker 10. 

When the teller stops talking for a time period 
greater than is required for the discharge of the capaci- 
tor 49 in the pause circuit 46, or if the teller speaks at 

55 a volume level substantially reduced, i.e., 6 db.'s below 
the triggering level, the signal at point 56 will again 
change and initiate a sequential switching of the relays 
Kl and K2, As shovm in FIG. 2, when the teller signal 
at point 56 falls to the level indicated generally at 56C, 
the signal at point 70 immediately falls to its substan- 
tially zero voltage level, causing the Kl relay to de- 
energize and change the switches 13 and 16 back to 
their original position as shown in RG. !• A time period 

^5 T later, the NOR input 67 will have fallen to its down 
level which causes the K2 relay to be energized by the 
rise of the signal on line 64 to its value of approximately 
+2.5 volts as indicated at point 73. 
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The switching reconfiguration when the teller^s voice circuit 63 and causes the output 64 to drop as shown 

ceases, first operates to disconnect the microphone 40 at 76. The muting signal, therefore, causes the K2 relay 

from the mput of the power amplifier 38 and connect to turn off/ a condition which disconnects the speaker 

the customer two-way speaker 10 to the preamplifier 21 from the power amplifier 38 to prevent sounds at 

19. This early switching of the two-way speaker 10 to 5 the customer's location from being amplified and heard 

the preamplifier 19 is highly advantageous. Delayed by at the teller's location. 

a time period t after the Kl relay has been switched, The muting signal is also applied to the AND circuit 

the K2 relay is energized causing switches 31 and 33 to 62 which permits the switching of the Kl relay when- 

change to the configuration shown in FIG. I again per- ever the output 56 of the level-sensing circuit 55 be- 

mitting the customer to speak into the two-way speaker 10 comes positive. This permits the teller to speak to the 

10 and the teller to hear the customer through the teller customer if he so desires while the muting signal is pres- 

speaker 21- ent. Communications from the customer to the teller, 

The sequential switching just described is highly ad- however, are prevented until the muting signal is re- 

vantageous to the operation of the system. When the moved, a condition which wDl occur when the mechan- 

conHguration is being changed from the customer talk 15 ical movement of the drawer or pneumatic carrier has 

mode to the teller talk mode, the teller speaker 21 is been completed. 

disconnected from the power amplifier 38 at the same In intercommunication systems of the type adapted 
time as the customer signals are removed from the for use in remote banking installations, it is important 
power amplifier input 37. This removing of the teller that the direction of communication be controlled by 
speaker 21 from Uie amplifier output 39 prevents the 20 the teller. Since signals applied to the teller's micro- 
subsequent switching of switch 13 from causing a click- phone 40 are used to generate the logic control signal 
ing sound to be heard by the teller. Similarly, the re- at point 56, it h important to prevent sounds produced 
moval of the customer two-way speaker 10 from the by the speaker 21 from being coupled to the micro- 
power amplifier output prior to the connecting of the phone 40 and cause the network to switch when such 
teller speaker 21 to the power amplifier output and also 25 switching is not desired. For example, a customer might 
prior to completing the connections required in the have a very loud voice and it is important to prevent the 
customer talk mode will prevent a blast of sound from customer's voice, as reproduced by the speaker 21, 
being heard by the teller. The customer two-way from switching the control relays and cut off the cus- 
speaker 10 will have stored energy therein when the tomer's communication with the teller. Further, since 
teller stops talking. If the system were Immediately 3^* the teller can control the level of the customer's voice 
reconfigured, this stored energy would be amplified by the level control circuit, it is desirable to prevent an 
and reproduced by the teller speaker 21. By connecting increased customer volume from switching the direc- 
the customer two-way speaker 10 to the preamplifier tion of communication. Another source of undesirable 
before the teller speaker is connected to the amplifier, switching is from the ambient noise conditions at the 
the stored energy is dissipated which operates to elimi- teller location itself. These noises arise from various ac- 
nate any blast of sound in the teller speaker 21 when tivities within the bank itself and, as such, should not 
the system reconfigured from the teller talk to the cus- activate the switching logic to permit the teller to com- 
tomer talk mode. municate with the customer. 

The intercom system of this invention is designed pri- To prevent the various feedback noises from switch- 

marily for application in remote banking systems which ^ ing the direction of communication of the intercom sys- 

characteristically have mechanical drawers or pneu- tern, a feedback control system is included in the inter- 

matic carriers being moved to permit papers to be com system shown in FIG. 1. The signal-carrying wire 

transmitted between the customer and the teller. At the 22 has a voltage thereon which is proportional to the 

customer's location, the pneumatic carrier or drawer is teller's setting of the variable resistor 28 which controls 

typically located near the two-way speaker. Because ^ the volume of the customer's voice as reproduced by 

these moving elements of the remote banking system the speaker 21. This signal is applied directly to the an- 

generally produce a great deal of noise, it becomes im- alog summing circuit 77, 

portant to prevent this noise from l)eing transmitted to To compensate for the feedback generated by the 
the teller by the intercom system. To prevent the noise sound reproduced by the speaker 21, an automatic vol- 
associated with mechanical movement at the custom- " ume control amplifier 78 is electrically connected to 
er's location from being transmitted to the teller, a mut- the speaker 21 for receiving amplified electrical signals 
ing circuit is provided which includes an input wire 74 coming from the customer*s location. The automatic 
which is normally maintained at a substantially zero volume control amplifier 78 preferably comprises an 
voltage level. When the teller activates a moving integrated circuit amplifier with an output wired to a 
drawer or a pneumatic carrier at the customer's loca- variable gain amplifier stage whose output 79 is electri- 
tion, a positive muting signal is applied to the muting cally connected to one input of the analog summing cir- 
input 74 which is shown at 75 in FIG. 2. The positive cuit 77. As the volume of the customer's voice in- 
muting signal can be generated in many ways. For ex- creases, the voltage on the output becomes increasingly 
ample, when a teller-actuated drawer is moved by the ^ negative. 

teller, a switch can be activated by the drawer mover The ambient noise control 81 as shown in FIG. 3A 

mechanism to apply a positive signal on the muting sig- comprises a variable resistance between a negative 

nal input line 74 during the drawer movement: In pneu- voltage supply and the input to the summing circuit 77. 

matic systems, the signal can be generated whenever The variable resistance is preset to apply a negative 

the pneumatic switch associated with the customer lo- voltage to an input of summing circuit 77 which is suffi- 

cation is set to permit a pneumatic carrier to arrive at ctently negative to prevent ambient rjoises of the teller 

or leave from a customer location. This positWe muting location from causing the communic^Ltion direction to 

si^al at input 74 is transmitted to the input 67 to NOR change. 
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The summing circuit 77 comprises an electrical con- speaker is connected to the amplifier and associated 

nection between the three inputs noted in FIG. 1 which controls 124. Once the communication path is estab- 

is electrically connected to the input of an integrated lished by setting the switching network as desired, the 

circuit amplifier in the connection as shown in FIG. 3 A. communication between the teller and the customer 
The output of the summing circuit 77 is applied to the 5 will proceed as described earlier for the system in FIG. 

wire 82 and comprises a negative signal which is ap- L 

plied to the control input of the voltage control ampli- A simple switching network such as described above 
fier 42, The negative signal on the output line 82 has has a serious drawback because more than one teller 
a magnitude which is proportional to the input signal to could attempt to communicate with the same customer 
the summing circuit 77 having the greatest negative 10 location » a condition which would cause confusion. To 
magnitude. obviate this possibility, a switching network like that in 
The negative output signal from the summing circuit FIG. 5 may be provided which, for example, is for a sys- 
77 is applied to the control voltage input of the voltage tern with three teller and six customer locations. The 
control amplifier 42. As the voltage output of the sum- network shown in FIG. 5 is associated with the second 
ming circuit 77 becomes increasingly negative, the gain 15 of the three teller locations and identical networks 
of the voltage control amplifier is reduced. Conse- must be provided for each of the other two teller loca- 
quently. the signals from the teller microphone 40 are tions. The network shown in FIG. 5 is operative to pre- 
not amplified as much by the voltage-controlled ampli- vent more than one teller from attempting to comm uni- 
fier 42 when the output of summing circuit 77 becomes cate with the same customer location at the same time, 
increasingly negative. The reduced gain will prevent 20 

the level-sensing circuit 55 from detecting a feedback The circuitry of FIG. 5 is best described by way of ex- 
signal loud enough at the teller microphone to cause ample. Each teller location is provided with a plurality 
the communication direction to change, thus insuring of customer selection switches 150, each switch com- 
that the teller is in control of the communication direc- prising a plurality of single-pole, single-throw (SPST) 
tion. 25 switches ganged together and all ganged switches being 
The feedback controls also operate to produce an au- simultaneously closed or opened. Each customer 
tomatic volume control for the teller's voice. When the switch has as many SPST switches as there are teller lo- 
teller has switched the communication system to per- cations in the system. Each of the switches has one 
mit his voice to be reproduced by the two-way speaker contact grounded and the other contact connected to 
10, the resistor 83 is coupled between the power ampli- 30 a wire labeled, for example, 2B. This labeling repre- 
fier output 39 and the input to the automatic volume sents the teller No. 2 and the customer number (B). 
control amplifier 78. This signal is fed back to the volt- Whenever a teller attempts to communicate with a cus- 
age control amplifier 42 and automatically adjusts the tomer location, each of the ganged SPST switches asso- 
microphone gain while the teller is speaking and is op- ciated with a given customer and a O signal will be 
erative to automatically prevent the teller from produc- placed on each of the connected lines, such as line 2B. 
ing a very high volume signal at the two-way speaker 10 

by reducing the voltage-controlled amplifier gain 42 as Assuming teller No. 2 wishes to communicate with 

the teller's voice level increases. customer B, teller No. 2 will close the switch 151 plac- 

In a remote banking installation where more than one ing a ground or 0 level on the wire labeled 2B. The in- 
teller is available to assist more than one customer, a ^ verter 153 will produce a 1 level output when the input 

switching network is required to allow the teller to se- is a 0. The wire 28 is also connected to the NAND cir- 

lect which customer location he will assist. Such a net- cuit 154 which produces a 1 level output whenever any 

work is shown in FIG. 4 where, for example, two teller input becomes a 0. The output of NAND 154 is one 

locations and three customer locations are shown. This input to NAND 155 and will remain at the 1 level as 

system includes a microphone and a speaker at each long as teller No. 2 has one of his customer selector 

teller location and a two-way speaker at each customer switches closed. 

location. There is an amplifier and associated control The select B signal appearing as a I level at the out- 
circuits 124 connected to the microphone and speaker put of inverter 153 is applied to one input of the NAND 
at each teller location, each amplifier and associated circuit 156 which serves as a driver circuit for the relay 
controls comprising a network like that shown in FIGS. ^" coil Kl. The select B signal is also applied to one input 
3A and 3B. The customer connection points 125 and of NAND circuit 152. NAND circuit 152 produces a 0 
126 correspond to the input line 11 and serve to carry output when teller No. 2 wishes to select customer B 
the electrical signals going to and coming from the cus- and the other two tellers are not selectmg customer B, 
tomer location. The microphone inputs 127 and 128 the latter condition is indicated by 1 level signals on 
for the teller locations correspond to the teller micro- lines 160 and 161 which connect to the B customer 
phone 40 connection, with the preamplifier 41 and the switches at the other two teller locations- 
teller speaker connections 129 and 130 corresponding The output of NAND 152 is applied to one input of 
to the speaker connection to point 36. NAND 157 which produces a 1 level output whenever 
To permit the tellers and customers to communicate any of the inputs is a 0. The output of NAND 157 is ap- 
with each other, a switching network 131 is provided plied to an input of NAND 155 which combines with 
for connecting the two-way customer speakers with the the I level signal from NAND 154 to produce a 0 level 
amplifier and associated control circuit 124 for the as- output as long as teller No. 2 has switch 151 closed, 
sisting teller. The switching network may take the form This 0 level signal from NAND 155 is applied to one of 
of a rotary stepping switch at each teller location. The the inputs to NAND 157 and is operative to form a 
teller simply sets the switch to a position corresponding latch circuit which will remain set until switch is 
to the customer location to which the teller desires to opened. This latch circuit is necessary because the 0 
communicate and the desired customer two-way signal at the output of NAND 152 would become a I 
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level signal if any of the other tellers subsequently at- 
tempts to communicate with customer B, causing the 
NAND 152 output to switch to the 1 level. 

The output of NAND 157 is also applied to a second 
input to NAND 156. When both inputs to NAND cir- 5 
cuit 156 are a I , the output will be the 0 which causes 
current to flow through the Kl relay coil. Activating 
the Kl relay causes the Kl relay contact to close which 
then connects the amplifier and associated controls for 
teller No. 2 with the two-way speaker at the customer 10 
B location. Consequently, when a teller attempts to as- 
sist a given customer location, the switching network 
first determines whether that customer location is 
being assisted by another teller. If this condition does 
not exist, then the teller selecting the specific customer 1 5 
location is connected to the selected customer two-way 
speaker. Communication between the teller and the se- 
lected customer location will continue until the teller 
changes his selector switch. For example, when teller 
No. 2 opens switch 151, a 1 level signal wiD appear on 20 
line 149, Consequently* the output of NAND circuit 
154 will become a 0 which operates to reset the latch 
circuit comprised of NAND circuit 155 and NAND cir- 
cuit 157. The 1 level signal on line 149 is applied to in- 
verter circuit 153 and produces a 0 level signal at the 25 
output. This 0 level signal is operative to produce a I 
level signal output for NAND circuit 156 which causes 
the Kl relay to open, thus disconnecting teller No. 2 
from the customer B two-way speaker. While the above 
description has described the teller No. 2 selection of ^0 
customer location B, the circuit operates in an identical 
manner when teller No. 2 attempts to select other cus- 
tomer locations. Similarly, the identical networks of 
FIG. 5 for the other teller locations fiinction as de- 
scribed for the teller No. 2 location and all the switch- 
ing networks combined provide the desired switching 
system for connecting several tellers with several cus- 
tomer locations while preventing more than one teller 
from simultaneously communicating with the same cus- 
tomer. ^ 

While the foregoing description of the intercom sys- 
tem and the different switching networks has been 
made with particular emphasis upon the preferred em- 
bodiments therefor, it will be clear to those of skill in 
the art that numerous changes in form only can easily 
be made without departing the spirit of this invention. 
Specifically, the exact circuitry for the controls and the 
audio amplifiers may be modified according to gener- 
ally known engineering techniques without changing 
the fundamental operation of the system. Addition^ly, 
the logical diagram of FIG. 5 which performs the de- 
sired network switching function can take on various 
other forms if different logical circuits are selected. 
Such modifications in form only can readily be made by 
those of skill in the art without departing from the spirit 
and scope of this invention as defined in the following 
claims. 

What is claimed: 

1. An intercommunication system for a remote bank- 
ing installation comprising: 

speech transducing and sound reproduction means 
located at a customer location; 

a microphone and a speaker located at a teller loca- 
tion, said microphone and speaker being separate 
electrical components; 

an amplifier means with an input and an output; and 
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a^witching means responsive to teller signals at a first 
nonzero level output from said microphone pro- 
duced by speech input to said microphone at a first 
acoustic loudness to establish a first switching con- 
figuration and responsive to teller signals from said 
microphone at a second nonzero level less than 
said first level produced by speech input to said mi- 
crophone at a second acoustic loudness less than 
said first acoustic loudness to establish a second 
switching configuration, said second nonzero signal 
level being sufficient in magnitude to permit, upon 
amplification by said amplifier means, audible re- 
production thereof by said customer sound repro- 
duction means, said first switching configuration 
providing an electrical connectioiv from the output 
of said amplifier to said customer sound reproduc- 
tion means and an electrical connection from said 
microphone to the input of said amplifier to permit 
the teller to talk to Uie customer and said second 
switching configuration providing an electrical 
connection from the output of said amplifier to said 
teller speaker and an electrical connection from 
said customer speech transducing means to the 
input of said amplifier to permit the customer to 
talk to the teller, said switching means being unre- 
sponsive to a decrease in teller speech signals to a 
level below said first level, but in excess of said sec- 
ond level, to permit the teller speech signals output 
from the microphone to drop below said first level 
to a level exceeding said second level without 
changing said switching configuration, 

said switching means being operative normally in said 
second switching configuration to facilitate com- 
munication from said customer to said teller with- 
out the switching of said switch means. 

2. The interconnection system in claim I wherein 
said switching means includes sequential switching 
means for disconnecting said speaker from said output 
and disconnecting said speech transducing and sound 
reproducing means from said input followed by the de- 
layed connection of said speech transducing and sound 
reproducing means to said output and the connection 
of said microphone to said input when the electrical 
configuration is switched from said second to said first 
configuration and for disconnecting said speech trans- 
ducing and sound reproducing means from said output 
and disconnecting said microphone from said input fol- 
lowed by the delayed connection of said speech trans- 
ducing and sound reproducing means to said input and 
the delayed connection of said speaker to said amplifier 
output when the electrical configuration is switched 
from said first to said second configuration. 

3. The intercommiuiication system of claim 1 
wherein said second level is at least 6 decibels lower 
than said first level. 

4. The interconununication system of claim 1 addi- 
tionally including: 

a microphone sensitivity control means connected 
between said microphone and said switching means 
for reducing said microphone signals when the out- 
put from said speaker increases said sensitivity con- 
trol operative to prevent customer signals repro- 
duced by said speaker from changing said switch- 
ing configuration from said second to said first 
switching configuration. 

5. The intercommunication system in claim 4 
wherein said sensitivity control nieans additionally in- 
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eludes an ambient noise control means to reduce the 
microphone sensitivity to ambient noise levels at said 
microphone. 

6. An intercommunication system for a remote bank- 
ing installation comprising in combination: 
a two-way speaker means at a customer location; 
a microphone and a speaker at a teller location, said 

microphone and speaker being separate electrical 

components; 

an amplifier means with an input and an output for 

amplifying audio signals; 
a customer preamplifier including a volume control 

means located at the teller location, an input and 

an output; 

a switching network means for electrically connect- 
ing in a first switching mode said two-way speaker 
to said customer preamplifier input, said customer 
preamplifier output to said amplifier input and said 
amplifier output to said speaker permitting a cus- 



fier output to said customer preamplifier input fol- 
lowed by a fourth switching signal switching said cus- 
tomer preamplifier output to said amplifier input and 
said amplifier output to said speaker when said network 
5 switches from its second mode to its first mode, 

8, The intercommunication system in claim 6 
wherein said control means includes a sequential 
switching network comprising means responsive to said 
output signal changing from said first to said second 
10 level for connecting said two-way speaker to said cus- 
tomer preamplifier input and disconnecting said micro- 
phone from said amplifier input followed by connecting 
said speaker to said amplifier output and connecting 
said preamplifier output to said amplifier input, said se- 
15 quential switching means responsive to said output 
level changing from said second to said first level for 
disconnecting said speaker from said amplifier output 
and disconnecting said preamplifier output from said 
amplifier input followed by connecting said micro- 



tomer to speak to a teller, and for electrically con- 20 phone to said amplifier input and connecting said two- 
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necting in a second switching mode said micro- 
phone to said amplifier input and said amplifier 
output to said two-way speaker permitting a teller 
to speak to a customer; 
a teller voice amplitude-sensing means for sensing 25 
the amplitude of signals produced by said micro- 
phone and producing a first output control signal 
whenever the signals produced by said micro- 
phone, in response to speech input thereto at a first 
acoustic loudness, exceed a first predetermined 
nonzero level and producing a second output con- 
trol signal whenever the signals produced by said 
microphone, in response to speech input thereto at 
a second acoustic loudness less than said first 
acoustic loudness, fall below a second predeter- 
mined nonzero level, said second predetermined 
nonzero level being less than said first predeter- 
mined nonzero level, but sufficient in magnitude to 
permit, upon ampHfication, audible reproduction 
thereof by said customer two-way speaker, and 
control means responsive to said voice amplitude- 
sensing means to connect said switching network to 
its second mode in response to said first output 
control signal and to connect said switching net- 
work to its first mode in response to said second 
output control signal, permitting the teller's voice 
level to fall to said second predetermined nonzero 
level, lower than said first predetermined nonzero 
level, without causing said switching mode to 
switch from said second to said first switching 
mode, 

said control means being operative to normally con- 
nect said switching network to its first mode to fa- 
cilitate communication from said customer to said 
teller without switching said switch network. 
7. The intercommunication system of claim 6 
wherein said switching network includes a sequence 
switching control means producing a first switching sig- 
nal for sequentially switching said speaker from said 
amplifier output and said customer preamplifier output 
from said amplifier input followed by a second switch- 
ing signal to connect said two-way speaker to said am- 
plifier output and said microphone to said amplifier 
input when said network switches from said first mode 
to said second mode and for producing a third switch- 
ing signal for switching said microphone from said am- 
plifier input and said two-way speaker from said ampli- 
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way speaker to said amplifier output. 

9. An intercommunication system for a remote bank- 
ing installation comprising in combination: 
a two-way speaker means at a customer location; 
a microphone and a speaker at a teller location, said 
microphone and speaker being separate electrical 
components; 

an amplifier means with an input and an output for 

amplifying audio signals; 
a customer preamplifier including a volume control 

means located at the teller location, an input and 

an output; 

a switching network means for electrically connect- 
ing in a first switching mode said two-way speaker 
to said customer preamplifier input, said customer 
preamplifier output to said amplifier input and said 
amplifier output to said speaker permitting a cus- 
tomer to speak to a teller, and for electrically con- 
necting in a second switching mode said micro- 
phone to said amplifier input and said amplifier 
output to said two-way speaker permitting a teller 
to speak to a customer; 

a teller voice amplitude-sensing means for sensing 
the amplitude of signals produced by said micro- 
phone and producing a first output control signal 
whenever the signals produced by said micro- 
phone, in response to speech input thereto at a first 
acoustic loudness, exceed a first predetermined 
nonzero level and producing a second output con- 
trol signal whenever the signals produced by said 
microphone, in response to speech input thereto at 
a second acoustic loudness less than said first 
acoustic loudness, fall below a second predeter- 
mined nonzero level, said second predetermined 
nonzero level being less than said first predeter- 
mined nonzero level, but sufficient in magnitude to 
permit, upon amplification, audible reproduction 
thereof by said customer two-way speaker, 

control means responsive to said voice amplitude- 
sensing means to connect said switching network to 
its second mode in response to said first output 
control signal and to connect said switching net- 
work to its first mode in response to said second 
output control signal, permitting the teller's voice 
level to fall to said second predetermined nonzero 
level, lower than said first predetermined nonzero 
level, without causing said switching mode to 
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switch from said second to said first switching network is in said first rhode preventing the cus- 

mode, said control means comprising: tomer*s voice reproduced by said speaker from 

a delay means connected to the output of said voice causing said switching network from changing from 

amplitude-sensing means for producing at its out- said first mode to said second mode, 

put delayed sig^ials from said amplitude-sensing 5 1 1. The intercommunication system in claim 10 addi- 

"^^^^i tionally including an impedance connected between 

a NOR circuit having two inputs and one output, one said amplifier output and said gain reducing means 
said NOR input being connected to said voice am- when said switching network is in said second mode for 
phtude-sensing means output and said other NOR providing an automatic volume control for the teller's 
input being connected to said delay output, said 10 communications to the customer. 
NOR output producing a first switching signal 12. The intercommunication system in claim 10 addi- 
when said voice amplitude-sensing means output or tionally including an adjustable microphone gain con- 
said delay output is at said first level and said NOR trol means to set the maximum microphone gain for 
output producing a second switching signal when preventing ambient noise at the microphone from 
said voice amplitude-sensmg means output and 15 switching said switching network from said first mode 
said delay output are at said second level; and g^j^ second mode 

an AND circuit with two inputs and one output, one intercommunication system of claim 6 addi- 

input to said AND circuit being connected to said tionally including* 

delay means output and said other AND input ^ ^^^j disconnecting said speaker from 
being connected to the output of said voice ampli- 20 ^aid amplifier output when said switching network 
tude-sensing means, said AND circuit output prc^ ^j^^ means being re- 
ducing a third switching signal when said voice am- ^ ^^^^ generated by a system as- 
phtude-sensmg means output is at its first leVel and S„:„*^a r«««*«*»o * 
said delay output is also at said first level, said AND f^^'^ producing apparatus at the customer 

circuit output producing a fourth switching signal 25 ^ \ • ^ r 1 * ^ 

when either input is at^said second level of ^id "- J^.^ mtercommunication system of claim 6 addi- 

voice amplitude-sensing means output, said first lonaily inc u ing. 

switching signal operative to disconnect said ^^^^^ ^P^^^^^ 

speaker from said amplifier output and to discon- other customer location; and ■ 

nect said preamplifier output from said amplifier 30 ^ 'P?^^^^ '^"^^ "'^^^ electrically connecting 

input said second switching signal operative to con- ^"^y t^o-way speaker to said switchmg net- 

nect said microphone to said amplifier input and *2Ir 1™^^"^- 

said two-way speaker to said amplifier output, said . The intercommunication system of claim 6 addi- 

third switching signal operative to connect said tionally including: 

two-way speaker to said preamplifier input and dis- 35 ^^^^ ^}^^^ two-way speaker at another cus- 

connect said microphone from said amplifier input tomer location; 

and said fourth switching signal operative to con- least one other intercommunication system as de- 

nect said speaker to said amplifier output and said ^"^^1 claim 6; and 

preamplifier output to said amplifier input. a second switching network means between each said 
10. The intercommunication system in claim 6 addi- 40 two-way speaker and each said switching network 
tionally including: operative to connect only one two-way speaker to 
a microphone gain control means for controlling the only one switching network, permitting each teller 
amplitude of the signals produced by said micro- to communicate with one customer at a time, 
phone and applied to the input of said voice ampli- 16. The intercommunication system of claim 15 addi- 
tude-sensing means; and 45 tionally including at least one additional two-way 
means for reducing the gain of said microphone gain speaker means connected to said second switching net- 
control means in response to increased amplitude work. 



signals at said amplifier output when said switching 
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denote loudspeakers, 109 denotes a miciophone, 110, 

AUTOMATIC VOLUME CONTROLLING 111, 112 denote A/D converters, 113 denotes an adapt- 

APPARATUS ive filter, 115 denotes a subtracter, 116 denotes a level 

judging device for level converting the A/E> converted 

BAOKGROUND OF THE INVENTION 5 agnal and comparing the level with the referaice levels 

1. Field of the Invention 120 denote signal converters for level converting 
The present invention relates to an automatic volume outputs of the subtracter 115 and A/D converter 

control for a sound reproducing ^paratns used in noisy respectively, and 121 denotes an adder for sum- 

enviionments. ming the outputs of the A/D converters llo, ni. 

2. Descriptionof the Related Art In this apparatus, by nsmg the ad^tive filter 113, an 
In an ^paratuses possessing sound ou4[>ut means, irnitative loudspeaker ^gnal added with a characteristic 

such as a television set, radio or a tape recorder, it has closely approximating a ^gnal on route firom the loud- 
been attempted to automatically control the volume speakers 107, 108 to the microphoi^ 109 is canceled 
depending on the level changes in the amtdent noise. As from the output of the microphtMie 109. The level of the 
fox the sound r^roducmg ^yparatos used in noisy envl- ambient iu>ise is obtained as the output of the signal 
ronments, such as a car ra£o or a car stereo equipment, converter 120 when a signal is not produced firom the 
it has been attempted to automatically raise the repro- ' sound source lOL When a ^gnal is produced &om the 
ducing volume depending on the level of the ambient sound source 101, the estimated value of the amlnent 
noise so as to maintain a favorable listening condition noise level and the level of the mixed sound of the 
even in a noisy sttuation. ^ speaker sound with ambient noise are obtained as the 
Typical apparatuses are as foQows: (a) an ^>paratQs in outputs of the signal converters 118, 120, req>ectively. 
which a mixed sound of an ambient noise with a !q;>eaker fig. 2 is a graph showmg an example of the result 
soimd is detected by a nuCTophone, and the level differ- obtained in the apparatus shown m FIG. 1, in which A 
ence m the detected dgnal from the agnal out of a indicates the level of the mixed sound of the amlrient 
sound signal output arcmt is calculated to detect the 25 speaker sound obtained by the microphone, 
Iwel crftheamHCTtnwse, thereby toomtrolthegam ^ mdicates the level of the ambient noise detected by 
the sound sigMl output aicra^ (b) an apparatus m the conventional apparatus, and C indicates the level of 
whK^ the Mnbiait noise k d^^ only whenno the ambient noise obtamed by the microphone when no 
sound is pnxluced from thel^ sound is produced by the loudspeaker. Herein, the am- 
^.^IT'^^ """^ bientnoileisimitativelyreproducedbytheloudspeakcr 

f'^^^T^ S^ItT^ and added to the speaker^mid. 

level when the loudspeaKer nroduces sound; (c) an ap- * * , • « 

paiatDS where an a^oTiidse is detected Iqr pickSg As dear from FIG. 2. there b a slight diCfeience 



between the level B of the detected ambient noise aiul 
the level C of the ambient noise obtained when the 



up a mixed sotmd of the ambient noise with a q>eaker 

sound by a microphone, produces a signal imitating the 35 , , . , , ^ « • . 

spcakersoundfromthesignaloutputtedfromthesomid fpeakc^ sound is not produced, so that the ambient noise 
signal output dicuit by using an adaptive filter, then is not detected conecdy. _ ^ ^ 

subtracting the adaptive filter ou^ut ^gnal from the Moreover, m this prior art, although the speaker 
microphone output signal, therrf)y to control the vol- ^ ^ controUed depeidmg on the ambient 

nme depending on the ambient noise level 40 ^^^^se, the volume of the speaker sound is not conad- 

As for die apparatus (aX adequate control by detect- ^^ed. In this kind of the automatic volume controlling 
mg the level of die ambient noise signal con^xment apparatus, the volume is changed relative to the ambi- 
separately from the mixed signal of die amlnent noise ent noise level to suit the human auditory characteristic 
with q)eaker sound is difficult because the speaker Th^ volume amplification dqgree is changed according 
sound component detected by the microphone is 45 to the level of the reproduced sound of the sound pro- 
gready difif^ent from the original electric signal due to dudng aj^iaratus. That is, the higher the lervel of the 
phase delay ofthe speaker sound, frequency response of reproduced sound from the sound produong apparatus, 
loudspeaker, and room reverberation characteristta ^ smaller the volume should be amplified in resptMise 

As for the apparatus (bX it is frtr from practkaL When to ^ same amlnent noise level, 
used in a place where the ambient noise changes sud- 50 One proposal is to use an automatic volume control- 
denly or periodicaDy while the loud^>eaker is produc- Img ^>paratus capable of varying the amplification de- 
ing sound, and in particular if the sound is continuous relative to the noise level signal depending on the 

such as with mu^ the apparatus (b) is ahnost impossi- volume level set by a volume changmg means. FIG. 3 is 
ble to control because die loudspeaker raidy stops a block diagram showing a conventional automatic 
producing sound. 55 volume controlling ^paratus disclosed in the Japanese 

As for the apparatus (c% it frmctions normally when Patent Publication No. Hei 3-13762 (1S>91)- In the dia- 
the sound source is monaural, but has difficulty detect- gram, numeral 360 denotes a voltage controlled ampK- 
ing the ambient noise in case of stereo. Since the sum of fier (VGA), 361 denotes a power amplifier, 362 denotes 
the right and left signals is used as the input to the adapt- a loud^>eaker, 363 denotes a noise detection circuit, 364 
ive filter, the apparatus (c) is affected by the positions of 60 denotes volume controlling means, 365 denotes an ad- 
the microphone and the loudspeakers, or shape of the der, 366 denotes volume changing means, and 367 de- 
room, notes volume setting means. 

FIG. 1 is a block circuit diagram showing an example In this constitution, a sound ^gnal is passed through 
of a conventional automatic volume controlling appara- the VCA 360 and power amplifier 361 and is repro- 
tns of the (c) type proposed by the present inventors in 65 duced by the loudspeaker 362. The amplification rate of 
the J£q>anese Patent Application Laid-Open No. HeL the VCA 360 is controlled by the output of the adder 
5-259779 (1993). In the figure, numeral 101 denotes a 365. To the adder 365 are inputted the noise level signal 
sound source, 104, 105, 106 denote amplifiers> 107, 108 detected by the noise detection circuit 363 via the level 
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controlled by the volume controlling means 364, and naay not be a su£Ecient solution if the noise spectrum 

the output from the volume setting means 376 for pro- varies, 
ducing a volume level signal corresponding to the de- 

sired volmne of the user on receiving a volmae increase SUMMARY OF TEffi INVENTION 

or decrease agnal from the volume changing means 5 The invention is devised to solve the above men- 

366. In this constitution^ the volume is controlled in tioned problems and it is a first object of the invention 

accordance with the noise detected by the noise detec- to provide an automatic volume controlling spparstxis 

tion circuit 363. The volume controlling means 364 enable of automatically controlling the output volume 

<^ianges the amphficatiQa d^ree against the nc^ level of the loud^>eaker d^>ending on the ambient noise level 

agnal corre^xmdiiig to the set volume at the tnne of 10 detected with high precidon. 

receiving the ouQmt from the vohmie changing means R is a second object of the invention to provide an 
366. More ^)ecificaUy, as shown by a symbol h2 in FIG, automatic volume controlling apparatus capable of au- 
4^ when the sound level (e2) is high, the amplification tomatically controffing the ou^ut volume of the loud- 
decree (g2) against the noise level is lowered to reduce ^)eaker by controffing the ampKficationd€«ree of the 
the volume mcrease against the noise uicreasc. As *5 volume dependmg on the level of the soimd reproduced 
shown by a symbol hi, by contrast, when the sound \yy the loudspeaker. 

level (el) is low, the amphfication dt^gree (gl) against It is a third object of tiie invention to provide an 

the noise level is raised to mcrease the volume increase automatic volume controlling apparatus capable of 

against the noise mcrease, so that the vohmie control maintaining an ^ropriate volume over the entire fre- 

agarn^ the ambient noise more highly suits the auditory ^ quency band of the sound agnal by appropriately com- 



^ pensating the dec^iease of auditory volume due to the 

However, the speaker sound is actually heard, so that ambient noise when r«>roducing music 

when &e volume amplification degree is controlled xhe above and further objects and features of the 

d^>en^ on the volmne set by the volume cfaangmg inventicm will more folly be apparent from the foDow- 

means 366, or whCT^the volume amphfiaition degree is detailed description with accompanying drawmgs. 

controlled d^>eadmg on the output from the volume ^ 

controlling means 364, it is fiurther necesary to control BRIEF DESCRIFIION OF THE DRAWINGS 

^e vohmie ampHfication degree depending on the per- HG. lis a block diagram of a conventiooal automatic 

formance of tiie loudsp«iker to be used. Besid«, smc^ controffing apparatus of the (c) type; 

^e gam of Idie somid s^ agamst the noise level m FIG. 2 is a graph showing an example ^a resuh of 

deteimmed by represmtmg the somid signal level with the vohmie control by the conventional apparatus of the 

the set volume, it is impos^le to avoid shortage or tyne: 

«cess of audittHy votonc due to a differeoce in record- piG. 3 is a block diagram showing another conven- 
™ ^ " ^ '5 ^ arton«rtic volmaT controlling Apparatus; 

M^vcr. in the antomatic volnme conltolKng appa- JIS *i ^f^^^'V Mioperation of ^e 

latus as shown in FIG. 1. the signal from the SI volume controlling apparatus 

phone 109 and the input signal to the adaptive filter 113 mr-'-'- ui ■ ^- ' ^ ^ 

are usually digital Signals from the A/D Converter 112, 40 ^ ""^^"^^ "^"^^u^i^^ 

but at this time since the input from the microphone to X**^'^? controffing apparatus m Embodmient 1 of the 

the A/D converter 112 must be withm a specific range, , , . , . . . 

the microphone output level must be controlled every FICx « is a graph showmg an example of a result of 

time to the opthnum value dependmg on ^ installed volume ccmtrol m Embodiment 1 of the mvention; 

portions of the loudspeakers 107, 108 and microphone « F^O. 7 is a bkx* circuit diagram provided with delay 

109. means in Embodiment 1 of the invention; 

Inddentally, the sense ofshortage of the volume due * *® * circuit diagram of an automatic 

to the noise is mainly caused by marking of the sound yolume controlling apparatus in ^nbodiment 2 of the 

agnal by the noise. The sound signal component to be invention; 

masked is larger in the frequency range of a largerncHse 50 ^ * ^}^^ <arcuit diagram of an automatic 

con[q)onent, and smaller in the frequency range of a volume controlling iqpparatns in Embodiment 3 of the 

smaller noise component For example, th© automobile invention; 

nmningiiQise has a larger con^>cment at lower frequen- 10 is a flowchart lowing an operation of a 

des and a snaller component at higher frequendes. estimating the level of the ambient noise in 

Thcrrfore, if the rqyroduced volume is unifonnly 55 Embodiment 3 of the invention; 
controlled without regard to the frequency of the sound ^G. 11 is a flowchart showing an operation of a 
agnal, as in the conventional apparatus, the effect is microcomputer in Embodiment 3 of the invention; 
insufRdent in the frequency range with larger noise FIG. 12 is a flowchart showing an operation mi- 
components, bm is excesave in the frequency range c^ocomputer in Embodiment 3 of the invention; 
wrtfa smaller noise components. When such mere gain 60 FIG. 13 is a blodc diagram showing an automatic 
increase is done for the automobile running noise, sensa- volume controlling apparatus in embodiment 4 of the 
tion of the volume shortage in the low frequency range invention; 

and sensation of the volume excess in the high fre- FIG. 14 is a diagram explanatory of an operation of 

quency range are unavoidable. the automatic volume controlling apparatus in Embodi- 

As a solution, a frequency diaracteristic can be com- 65 ment 4 of the invention; 

pensatcd by boosting the low frequency range of the FIG. 15 is a block diagram showing an automatic 

somid signal or attenuating the high fi^uency range. volume controlling i^yparatns in Embodiment 5 of the 

This solution assumes the spectrum of the noise, and it invention; 
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FIG. 16 is a block diagram provided with delay 115 is known. As a result, tbe speaker sound compoaent 

means before sound signal analyzing means in Embodi- detected by the microphone 109 is canceled^ and a cor- 

ment 5 of the invention; rect ambient noise is obtained. 

FIG. 17 is a block diagram provided with delay The input to the signal converter 118 is converted 
means before sound signal filtering means in Bmbodi- 5 into a direct current with a time constant suitable for 

ment 5 of the invention; man's hearing characteristics (for example, a time con- 

FIG. IS is a block diagram showing an automatic gtant used in a sound level meter), and is fiirther loga- 

yolmne controinng S5>paratas in Embodiment 6 of the rithmically converted and cutputted to the ampUfica- 

motion; controller 119 as a decibel value. Accordingly, an 

FIG. 19 is a block diagram showmg the configuration lo amplification control dgnal is sent from the amphfica- 

of adaptive fihering means in Embodiment 6 of the ^ controller 119 to the control amplifiers 102, 103. 

"^^^^^^^ VI u . Theou^utsoftheA/D converters 110, 111 are sent, 

HG. 20 IS a block diagram havmg delay means m ^ ^j^^ adaptive filters 113, 114, and also to the level 

Embodmient 6 of the mvention. „^ ^ ^ converted to direct cur- 

DESCRIFnON OF THE PREFERHED rents with a suitable time coiMtant (eg., approximating 

^VfBODIMHNTS the tnne constant of the sound level meter) and com- 

. pared with die reference level. When the output signal 

imnoooimenx ij fiom the A/D converters 110. Ill are smaUer than Ae 

FIG. 5 is a block circuit diagram blowing Embodi- reference level, signals are independently sent to the 
ment 1 of the mvention, in which numeral 101 denotes 20 adaptive filters 113, 114 to control the adaptive filters 

a sound source, 102, 103 denote control an^>lifiers, 104, 113, 114 to maintain the coefficients without updatmg. 

105, 106 denote control ampHfiers, 107 and 108 denote ^s a resuh, if one of the input levels of the adaptive 

loud^peaktts, 109 doiotes a microphone, 110, 111, 112 fijters 113, 114 is analler than the reference level, only 

denote A/D converters, 113, 114 denote ad^tive fil- the one filter with a larger iiqjut level is actuated, whfle 

toi, 115 denotes a subtracter, 11^ 117 denote Icvd 25 ^ ^ estimated value. When 

judgmg devices for levd convertmg A^ converted both the mputs are smaUer than the reference level, the 

signals^ and comparing the Icvd w^ ^e referen«i coefficients are not updated to extraordmary values, 

w1^.^t^r!?tb.S^ then when a signal of a normal level is fed next time, 

^m^^^^S^ 30 ^L^Zr^l^^^ -^^-^^ - — ^ 

control dgnal correspondmg to the output of the signal , , . ^^^^^ *° ^ - 
converter 118 to the control amphfiers 102, 103. this apparato^ whai a signal is not ou^utted from 

In the automatic volmne controlling apparatus a«^ "^T^ the ambient noise ^ 

oordingtotheprescntinvention,therightandleftchan- ^ output of the sigmd cwiverter 118_ 

ndagnals from the sound source 101 pass through the 35 When a signal is outputted from the sound source 101, 
control amplifiers 102, 103, and are then fed to the am- ^ estimated v^ue of the ambient noise levd in the 
plifiers 104, 105 and to the A/D converters 110, Ul. cmbodnnent is obtamed as the output of the signal con- 
The ou^uts from the amplifiers 104, 105 are iaqputted to ^ ^hen the signal picked up by 

the loudspeakers 107, 108, reapectivdy, and emitted as microphone 109 is level converted, the levd of a 

sound waves. The ambient noise and speaker produced 40 "^^^^ sound of the speaker produced sound with the 
sound picked up by the microphone 109 are fed into the ambient noise is obtained. 

A/D converter 112 through the amplifier 106l ^IG. 6 is a graph showing an example of a result 

The output digital signals horn the A/D converters obtained by the apparatus ^own in FIG. 5, in which A 
110, 111 are fed into die ad^tive filters 113, 114, respec- indicates the levd of the mixed sound of the ambient 
tivdy, to be filtered, and thdr outputs are fed into the 45 nrase with speaker produced sound, which is picked iq) 
subtracter 115. The output digital signal from die A/D ^ ^ naicrophone, D indicates the estimated levd of 
converter 112 is also fed to the subtracter 115, and the ambient noise detected in the embodunent, and C 

resnh of subtracting both the outputs of the adaptive indicates the actual levd of the amHcnt noise picked up 
filters 113, 114 from the output of the A/D converter microphone without producmg the ^>eaker 

112 is fed to the agnal converter 118, and is also fed to 50 sound. The ambient noise herein is imitativdy repro- 
the ad2q>tive filters 113, 114 as coeffident updating aig- duced and added by the loudspeaker, 
nals. It is s^iparent frcmi FXO. 6 that the levd of the anibi- 

The filtering coeffident of the ad^>tive filter 113 is cnt noise is correctly obtained in the embodiment if the 
updated so as to bring the signal from the A/D con- signal of the sound s^paratus is stereo, 
verter 110 doser to the signal whidi passes through the 55 Incidentally, dday means may be also provided for 
contrd amplifier 102 to the amplifier 104, is emitted suspending die control for an appropriate time after the 
from the loudspeaker 107 as a sound wave, is picked up start of the operation of the adaptive filters 113, 114 
by the microphone 109, and which readies the A/D since converting the adaptive filters 113, 114 to some 
converter 112 via the amplifier 106. The filtering coeffi- degree requires some time. FIG. 7 is a block diagram 
cient of the ad^tive filter 114 is updated so as to bring 60 showing the configuratian of providing dday means 
the agnal from the A/D converter 111 doser to tte 130, 131 after the adaptive filters 11^ 114, respectivdy, 
signal which passes through the control amplifier 103 to and the same parts as in FIG. 5 are identified with the 
the amplifier 105, is emitted from the loudspeaker 108 as same reference numerals and their explanations are 
a sound wave, is picked up by the microphone 109, and omitted. When starting to operate, the adaptive filters 
which reaches the A/D converter 112 via the amplifier 65 113, 114 send the dgnal noticing the start of the opera- 
106. tionto the delay meam 130, 13L On recdvmg the sig- 

Hcrcin, the coefficient updating algorithm for asymp- nal, the dday means 130, 131 suspend the control by the 
totically inimmi:dng an error ^gnal fitmi the subtracter control amplifiers 102, 103 for an appropriate time, and 
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then send a control start signal to the amplification the A/D converter 211 through the amplifier 206 and 
controller 119, so that the volume is not controlled for the resistance attenuator 210. 

a certain time until converging to a certain extent after Herein, the coefficient updating algorithm forasiymp- 
the start of the operation of the adaptive filters 113, 114, totically minimizmg an error signal from the subtracter 
thereby preventing feulty operation. 5 216 is known. As a result, the speaker sound component 

In Embodiment 1, the adaptive filter 113 through the detected by the microphone 209 is canceled, and a cor- 
amplification controller 119 are described as bdepen- rect ambient noise is obtained, 

dent devices, but the process by those devices may be The inputs to the signal converters 219, 220 are re- 
realized by a pfpgram process usang a digital signal . q[>ective]y con verted into direct cuirents with a suitable 
processor (DSF). 10 time constant (eg., ^tproximating the time constant of 

FF hfvii t 91 sound levd meter) and are fiirther logarithmically 

[i^mDoomient Zj converted and outputted to the amplification controller 

PIG. 8 is a block circuit diagram showing an embodi- 221 as decibel values. Accordin^y, an amplification 
ment of the automatic volimie controlling apparatus of control signal is sent from the anq>lification controller 
the invention, in which numeral 201 d^otes a sound IS 221 to the control amplifiers 202, 
source, 202, 203 denote control amplifiers, 204^ 205, 206 On the other hand, the output of the A/D converter 
denote amplifiers, 207, 208 denote loud^ieakers, 2S9 211 is sent both to the subtracter 216 and the signal 
denotes a microphone, 210 denotes a re^stanceattenua- converter 218. The signal converter 218 converts the 
tor, 211, 212, 213 denote A/D converts, 214^ 215 output of A/D converter 211 into a direct current with 
denote adaptive filters, 216 denotes a subtracter, 217 20 a time constant £q>proximating the time constant of the 
denotes an adder, 218, 219, 220 denote agnal converters sound level meter, and further logarithmically converts 
for level converting A/D converted signal, 221 denotes and sends ths direct current to the attenuation control- 
an amplificaticm controller for sending an amplificatioa ler 223 as a decibel value. 

control agnal dependmg on the outputs of the signal The attenuation controller 223 usually sets the attenn- 
converters 219, 220 to the contrcd amplifiers 202, 203, 25 ation coefficient of the resistance attenuator 210 at that 
222 denotes a rderence signal generator, 223 denotes an held by the coefficient holder 224. When gain control is 
attenuation controller for operating the reference signal requested according to the input signal to the niicro- 
generator 222 and sending an attenuation control signal phone 209, the controller 223 causes the reference sag- 
corresponding to the output of the signal converter 218 nal generator 222 to generate an adjustment signal. At 
at this time to the resistance attenuator 210, and 224 30 this time, the attenuation amount of the resistance atten- 
denotes a coefficient holder for holding the determined uator 210 is conttoUed so ^t the level of the Signal 
attenuation coefficient enntted as sound wave by the loudspeakers 207, 208 

In this autCHnatic volume controlling apparatus, the from the control amplifiers 202, 203 through the ampli- 
right and Idt channeis* ^gnals firom the sound source fies 204, 205, picked up by the microphone 209 and 
^1 are fed both to the amplifiers 204, 205, and to the 35 inputted to the attenuation controller 223 through the 
A/D converters 212, 213 through the control amplifiers resistance attenuator 210, A/D converter 211 and signal 
202, 203. The outputs from the amplifiers 204, 205 are converter 218 may settle within an e^ropriate range, 
supplied to the loudspeakers 207» 208, respectively, and while the attenuation ooeffident is held in the coeffici- 
are emitted as sound waves. The ambient noise plus ent holder 224. 
speaker produced sound picked up by the microphone 40 

209 are fed into the A/D converter 211 through the [Embodiment 3] 

amplifier 206 and Uie resistance attenuator 210. In ]&nbodiment 2, the adaptive filter 214 through the 

On the other hand, the ou^t digital agnals firom the amplificadon controller 221 are described as indepen- 
A/D converters 212> 213 are fed mto the ad2q>tive filters dent devices, but the process by the devices may be 
214, 215 to be filtered, and the filtered outputs are fed to 45 realized by a program process using a DSP. 
the subtracter 216 and adder 217. The ou^ut digital FIG- 9 is a block drcuit diagram showing another 
signal from the A/D converter 211 is also fed into the CTbodiment of the automatic volume controlling ^ipa- 
subtracter 216, firom which the outputs of the both ratus of the invention, in which the same parts as in 
adaptive filters 214, 215 are subtracted. The subtracted FIG. 8 are identified with the same reference numerals 
result is fed into the signal converter 219, and is also fed 50 and their e^lanations are omitted herein* In the figure, 
to the adaptive filters 214, 215 as the coefficient updat- numeral 225 denotes a DSP for volume amplification, 
mg signals. 226 denotes a DSP for detectmg the ambient ncMse level 

The outputs of the adaptive filters 2H 215 are also and sound reproduction level by the same processing in 
fed to the adder 217, and their sum is fed into the signal the devices 214 through 220 m FIG. 8, 227 denotes a 
converter 220. 55 microcomputer, and 228 denotes a nonvolatile memory. 

Accordingly, the coefficient ofthead^ve filter 214 The operation in Embodiment 3 will be explained 
is iq)dated so as to bring the signal from the A/D con- below with reference to FIGS. 10 and 11. FIG. 10 is a 
verter 212 closer to the agnal which passes throng the flowchart showmg an operation by a program stored in 
control ampHfier 202 to the amplifier 204, is emitted the DSP 226, and FIGS. 11 and 12 are flowcharts show- 
fiom the loudspeaker 207 as a sound wave, is pidced up 60 ing an operation by a program stored in the microcom- 
by the microphone 209, and which reaches the A/D puter 227. 

converter 211 through the amplifier 206 and the reas- In this automatic volume controlling apparatus, the 
tance attenuator 210. The coefficient of the adaptive right and left channels* signals fiom the sound sonrce 
filter 215 is updated so as to bring the dgnal from the 201 are fed into the amplifiers 204, 205 and the A/E> 
A/D conv^ter 213 closer to the signal which passes 65 converters 212, 213 via the DSP 225 for volume amplifi- 
through the control amphfier 203 to the amplifier 205, is cation. The outputs from the amplifiers 204, 205 are 
emitted ficom the loud^)eaker 208 as a sound wave, is supphed to the loudspeakers 207, 208, respectively, and 
picked up by the microphone 209, and which reaches are emitted as sound waves. The ambient noise plus 
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Speaker produced sound picked op by the microphone and it is not particularly difficult to execute the process 

209 are fed into the A/D converter 211 via the amplifier by the DSP. 

206 and the resistance attenuator 210. m v j- 

The DSP 226 for e^hnatmg the noise level first re- [&nbodmient 4] 
ceives the data &om the A/D converters 211 through 5 FIG. 13 is a block diagram showing a fourth embodi- 
213 when the power source is turned on as shown in ment of the automatic volume controlling apparatus of 
FIG. 10 (81). Then, the data of the sotmd reproduced the invention* In the drawing, numeral 301 denotes an 
by the loudspeakers 207, 208, which is received from input terminal, 302 denotes an output terminal, 303 
the A/D converter 212 and A/D converter 213 are denotes an A/D converter, 304 denotes an FIR filter, 
filtered by variable coefficient FIR digital filters (S2). 10 305 denotes a D/A converter, 306 denotes a first &st 
The esthnated value of the ncnse level is obtained by Fourier transformer 306 (FFT>, 307 denotes a level 
subtracting the data of the filtering result fixnn the data detector, 308 denotes gain calculating means, 309 de- 
of the sound picked up by the microphone 209, which is notes an interpolator, 310 denotes filtering coefficient 
received firom the A/D converter 211 (S3). By making calculating means, 311 denotes a micioplione, 312 de- 
use of the subtracted result, the coefficient of the van- notes an amplifier, 313 denotes an A/D converter, 314 
able coefficient filter is iq>dated so as to bring the ^gnals denotes a second FFT, 315 denotes a lev^ detector,and 
from the A/D converters closer to the signals which 318 denotes an A/D converter. Moreover^ 340 denotes 
pass through the amplifiers 204, 206, are emitted from sound signal analyzing means, 341 denotes ambient 
the loudspeakers 207, 208 as sound waves, picked up by noise analyzing means, and 342 denotes filtering means, 
the microphone 209, and which reach the A/D con- ^ In this embodiment, it is assumed that the output termi- 
verter 211 through the amplifier 206 and the resistance nal 302 is like an earphone so that the reproduced sound 
attenuator 210 (S4). Further, the fiOitering results are is hardly pidced up by the microphone 3U. 
summed iq> to detect the speaker sound level (S5). The The inputted sound signal fitmi the input terminal 301 
subtracted result, the added result, and the inpat data is converted into a digital signal by the AyX) converter 
fiom the A/D converter 211 are level converted and 318, andistransformedby the first FFT 306intoaset of 
sent to the miCTOcomputer 227 as a noise level, a sound data for supplying levels of signal components of the 
reproductioa level, and a microphone signal level, re- center firequendes of the bands at equal firequency inter- 
^>ectively. vals. Htus the sigi^ component level in an analysts 

Herein, the coefficient updating algorithm for asymp- ^ period of every frequency band is obtained. The signal 
totically minimizing an error dgnal in the subtraction is component level is equally divided into n equal bands of 
known. As a result, die speaker sound component de- half the san^ling frequency according to the inputted 
tected by the micsophcme 209 is canceled, and a correct number n for the sampling data. The fast Fourier trans- 
ambient noise is obtained. forming method is known, and may be executed by a 

When the power source is turned on as shown in 33 DSP in practical use. 
FIGS. 11 and 12, the microcomputer 227 first sets the Since ma^dng of a sound signal component (spec- 
attenuation amount ijf die resistance attenuator 210 to trum) in a certain frequency is determined by the noise 
the value being read out from the nonvolatile memory level included in the critical band width centered on the 
228 (Sll). On receiving the three data, that is, the noise certain frequency, it is desired to determine the analysis 
level, sound reproductian level, and microphone output ^ firequency band of sound signal and noise by finely 
signal level from the DSP 226 (S12X the amplification dividing their finequency bands to the exteaat of die ciiti- 
control amount is calculated finm the noise level, the cal band width. But the critical band width is narrow in 
sound reproduction level and the s^ value of attenua- low firequency M^e broad in high freqixency, so that 
tion of the resBtance attenuator 210 (S13). The acQphfi- the frequency interval of the data obtained by the fast 
cation control amount is transmitted to the DSP 225 to 45 Fourier transform with equal frequency intervals is too 
vary the volume (S14). Whether or not to set the attenu- dense in high frequency range, if the fireqiiency interval 
ation amount of the resistance attenuator 210 newly is is proper in low frequency. 

checked (S15X and if not, the next set of data is received The level detector 307 provides the level of the sound 

fiDom the DSP 226, and the same stqps S13, S14 are signal contained in each frequency band by dividing the 
repeated. 50 output of the FFT 306 in appropriate frequency bands. 

When newly setting the attenuation of the resistance and processes to obt^ an ^ective value by the entire 

attenuator 210^ the microcomiHiter 227 sends an ii^truc- data included in the established fiequency band. A satis^ 

tion to the DSP 225 to out, put the adjustment signal to fectory auditory performance is achieved by dividing 

the resistance attenuator 210 (S16). When receiving the die sound firequency band ^ Hz to 200000 Hz) into 
data from the DSP 226 (S17X the attenuation amount of 55 about ten bands for every octave. Indcientally, it is 

the resistance at te nua t or 210 is changed depending on known that the general noise ^>ectmm is lii^i in level in 

the microphone output signal level, which is repeated low firequency, whfle low in level in hi^ frequency 

until the miax>phone signal level settles within an ap- (the common household noise decreases at a rate of —6 

propriate range (S17-S19). When the microphone sig- dB/oct, or die automotnle internal noise at a rate firom 
nal levd setdes widun an ai^xropiiate range, themi-60 — lOdBto— 12dBper octave). Accordingly, the pro- 

crocomputer 227 instructs the DSP 225 to stop to out- cessing amount in the FFT may be decreased by practi- 

put the adjustment signal (S20X and stores a newly set cally narrowing the detection range in the higher fre- 

valueof the attenuation amount of the redstanceattenu- quency of the sound signal level and ambient noise 

ator 210 m the nonvolatile memory 228 (S21), so that, level. 

fixMU the next time, this value is set when the power 65 In the embodiment, the FFT 306 and the level detec- 

source is turned on. tor 307 compose the sound signal analyzing means 340, 

The mathematical procesang for generating the ad- but they may be replaced by plural band filters with the 

justment ^gnal (for exanople, random noke) is known, number thereof corre^xniding to that of the required 
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finequency bands, and a level detector for detectmg and 

anoothmg the output /»i=ib+io *iog{l+ldc^-fl»«^0}/a (3) 

The ambient noise ^gnal obtained frnm the micro- 
phone 511 is anq>]ified by the amplifier 312, converted Herein, the gain to be given to the sound agnal is 
into a digital ^^lal by the A/D converter 313, and is 5 equivalent to Pi— Pq. The value of a is approximately 
transformed into level data at equal frequency intervals ^-^ ^ P'*'* soimd of 1 kHz. Though a takes different 
by the FFT 314. The level detector 315 divides the values among frequencies, the value 0,3 is practically 
output of tiie FFT 314 into the appiopiiate number of suitable for the calcnlation except in case of a low fre- 
the frequency bands to provide the levd of the ambient quency band. For example, when dividing the fr&> 
noise signal contained in every frequency band. 10 quency band of the sound into ten bands by every oc- 

In the embodiment, the FFT 314 and the level detec- *ave, the reproduced sound levels are calculated by 
tor 315 compose the ambient noise analyzing means Ml, substituting individual values in a as for three low fie- 
but they may be replaced by plural band filters with the quency bands including 100 Hz or less, while substitut- 
number thereof corresponding to that of the required ingO.3 in a as for the other seven bands. The calculation 
frequency bandSy and a level detector for detecting and IS oftheformula(3)may also be achieved by £^>proximate 
smoothing the output calculation or by a table search according to a conver- 

On receiving the data ou^ut from the sound signal sion table of the relation among Po, Pt, and Pi, or inter- 
analyzing means 340 and the data output frtnn the ambi- polation procesang by a DSP or a mtcrocomputer. 
ent noise analyzmg means 341, the gain calculating ^ dear fixnn the above explanation* the gain calcu- 
means 308 determines the gain of each frequency band. ^ lating means 308 outputs the gain to be given to each 

The concept of gain calculation will be e^Iained frequency band of the sound signal, and the subsequent 
below. The decrease of auditory volume of the sound interpolator 309, filtering coefficient calculating means 
signal due to the masking by the ambient noise is consid- Gltei 304 compose the filtering means 342 

ered as the phenomenon ttmt the origin of the sensation giving the gain-to-frequency characteristic to the 

level in the unit of sone Qiereinafrer referred to as the ^5 sound signaL 

auditory volume) shifts to the masking level (unit: sone). ^ ^ known that the coefficient of the FIR filter is 
That is, assuming Sm to be the auditory volume with nearly the desired filtering impulse response. It is also 
masking, S to be the auditory volume without masking, known that the frequency re^xmse and the impulse 
and Sth to be the auditory volume equivalent to a mask- respwise in an arbitrary filtering can be mutually con- 
ing levd, the following equation is satisfied. ^ verted by Fourier transform. It is also known to obtain 

a characteristic approximate to a desired frequency 
Sm^S-SA^KU^-ia^ (1) response by inverse Fourier transform of an arbitrary 

frequency re^Kmse to obtain the impulse response, and 
wherein I expresses sound intensity (unit: W/tdP)^ Ith use it as the FIR coefficient 

expresses sound intensity K equivalent to the masking 35 Herein, the filtering coefficient calculating means 310 
level, and a is a constant depending on a frequency. processes the output of the interpolator 309 by inverse 

The relationship between the sound pressure level P Fourier transform to determine the FIR filtering coeffi- 
(unit: dBspl) and the sound intensity I is expressed as cient, and sends the coefficient to the FIR filter 304. At 
follows in case of a plane wave. this tune, the input to be given to the filtering coefBca- 

40 ent calculating means 310 is the gain for each frequency 
/^lo Joeii)+I20 (2) bdng divided into n equal bands of half the sampling 

frequency of the sound signal, assuming the number of 

FIG. 14 is a diagram showing Ae relation between FIR filtermg stages to be n. The interpolator 309 con- 
the noise level and sound level, m which the curve 345 verts the gain determined in every, nearly the same, 
mdicates the auditory volume with the ambient noise, 45 spedficband width to the auditory characneristics in the 
the curve 346 indicates the masking level due to ^ gain cakulatmg means 308 under the above^menticmed 
ambient nobe, and the curve 347 indicates the auditory condition, wherein the gain for each frequency is di- 
vohnne without the ambient noise. Hence, in order to vided ton equal bands ofhalfthe sampling ^^ency of 
obtmn the same auditory volume m case of having the the sound signal. The practical numerical processmg 
ambient noise as in the absence of the ambient noise, it 50 method is known, which can be realized by a DSP ora 
is necessary to shift the sound pressure levrf of the microcomputer, 
sound Mgnal from the curve 347 to the curve 345 as 

indicated by an arrow in the diagram. [Embodiment 5] 

The gain calculating means 308 cakndates the gain m FIG. 15 is a blodc diagram showing a fifth embodi- 
ea(^ frequency band analyzed by the sound agnal ana- 55 ment of the an automatic volume controlling apparatus 
lyzing means to be given in order to equalize the audi- of the invention. In the diagram, numeral 301 denotesan 
tory volume of the sound signal to that without the input termmal. 302 denotes an ou^ut terminal, 303 
ambient noise, on the baas of the relation in FIG, 14. denotes an A/D ccmverter 304 denotes an FIR filter. 
More spedfically, first a level of a reproduced sound Po 30S denotes a D/A converter, 306 denotes an FFT, 307 
m the case without volume control is estimated from the 60 denotes a level detector, 308 denotes gain calculating 
ou^ut of the sound agnal analyzing means 340, then a means. 309 denotes an interpolator, 310 denotes filtering 
making level Pt is estimated firom the ambient noise coeffident calculating means, 311 denotes a micro- 
level obtamed from the output of the ambient noise phone, 312 denotes an amplifier, 313 denotes an A/D 
analyzing means 341, and finally a level of a reproduced converter, 314 denotes an FFT, 315 denotes a level 
sound Pi to compensate for the decrease of the auditory 65 detector, 316 denotes a comparator, and 318 denotes an 
volume due to the masking is calculated by the follow- A/D converter. Further, numeral 340 denotes sound 
mg equation which is derived from the above explanar signal analyzmg means, 341 denotes ambient noise ana- 
tory formulas. lyzing means, and 342 denotes filtering means. 
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In this embodiment, as compared whh Embodimeiit 4 the outputs of the FPTs 306 and 314 in the same tuning 

where the reproducing means of the somid signal is an by delaying the outputs from the FFT 306. FIO. 16 is a 

earphone or the like by which the reproduced sound is block diagram showing the configuratian with delay 

hardly picked up by the microphone for picking up the means for providing the first FFT 306 an appropriate 

ambient noise, the sound reproducing means is a loud- 5 delay timev and the same parts as in FIG. 15 are identi- 

speaks or the like, and the reproduced sound is picked fied with the same reference numerals and explanations 

up by the microphone together with the ambient noise. are omitted. In case where the distance between the 

As in Embodiment 4, the FFT 306 outputs the sound microphone and loudspeaker is to, the leveb of the 

signal component levds of frequency bands at equal sound signals contained in the outputs of the FFTs 306 

frequoicy intervals, and the FFT 314 outputs the ambi' 10 and 314 may be compared in the same timing Mdth the 

ent noise signal component levds of the frequency FFT 306 by ^yplying the delay corre^nding to this 

band s at the same equal frequency intervals as in the distance to the rout e on t he sound ^gnal level detection 

FFT 306l Indus embodiment, the comparator 316 ccnn- ade, that is, to the FFT. 306l 

parg the identical fr^uency component levds of the In detecting the levels of the sound signal and ambi- 
FFTs 306 and 314, and the corresponding output of the 15 ent noise by the fest Fourier transform, since it is neces- 
FFT 314 is directly outputted when the output level of sary to analyze the data blode in a definite time relating 
the FFT 314 is sufficiently higher than the output levd to the frequency resolution, it takes a certain time to 
of the FFT 306, which is the estimated level of the obtam the result to delay the volume control by this 
sound signal component reproduced by the loudspeaker certain time. The volume is controlled by the soimd 
or the like and picked up by the microphone. If not, one 20 signal level and ambient noise level, as mentioned 
of the following procesangs is performed: output the above, and usually delay in foUowing up the ambient 
previously outputted value again (previous value hold^ noise level does not matter too much. However, if the 
output a piesmbed value for cadb. band; output the gain decrease control delays when the sound signal 
same value as the smaller one of the levels of the adja- level suddenly raises, the sound is temporarily rep re- 
cent bands; output the value one prescribed value 25 duced at an unnecessarily highlevel, which causes great 
smaller than the previous outputted value. By this pro- discomfort to listeners. To avoid this, it is proper to 
ces^g, a subsequent erroneous volume control on a provide delay means 332 for delaying the vohnne con- 
mistake of the reproduced souiul from the loudspeaker trol by the time corre^Kmding to this detectioxi delay 
or ^ like for the noise can be avoided. time before the filtering means 342 on the sound signal 
The reason that the ambient noise is detected by such 30 route (see FIG. 17). Yet, since the delay grvea by the 
processing of the comparator 316 will be eaqplained delay means 332 is equal to the time where a delay 
below. In the FFTs 306 and 314y the firequency band is occurring by the procesang in the filtering means 342 is 
subdivided, so that a high sound signal level scarcely subtracted from the required delay, an extra delay is 
appears in a specific band. On the other hand, the ambi- unnecessary if the dday by the FBI filter 4 is suffi- 
ent noise often has a continuous frequency spectrum, so 35 ciently large, 
that a cratain level often appears in each of the divided 

bands. Accordingly, M^en the sound signal level is [Embodmient q 

su£6ciently low, the ambient noise is surely detected. In FIG. 18 is a blodc diagram showing a sixth embodi- 

several bands, moreover, if the above-mentioned pro- ment of the automatic volume controlling apparatus of 

cesstng is done, even though the noise level cannot be 40 the invention. In the diagram, numeral 301 denotes an 

detected, &e correct noise levd is probably obtained, input terminal, 302 denotes an output tenidnal, 303 

on the ^^le. denotes an A/D cxmverter, 304 denotes an FIR filter. 

In this embodiment, the outputs ai the FFTs 306 and 305 denotes a D/ A converter, 306 denotes an FFT, 307 
314 are compared by the comparator 316 to d^ect the denotes a levd detector, 30S denotes gain calculating 
ambient iK>ise level, but if the produced sound level is 45 means, 309 denotes an interpolator, 310 denotes filtering 
sqiproximately known beforehand, (by comparing the coefficient calculating means, 311 denotes a inicro- 
output of the FFT 306 with the prescribed value in each phone, 312 denotes an amplifier, 313 denotes an A/D 
band) the ou^ut of the FFT 314 may be direcdy out- converter, 314 denotes an FFT, 315 denotes a level 
putted when the output of the FFT 306 is smalle r than detector, 316 denotes a comparator, 317 denotes adapt- 
the prescribed value. If the output ai the FFT 306 is 50 ive filtering means, and 318 and 319 denote A/D con- 
larger than the prescribed value, one of the foUowing verters. Numeral 340 denotes sound signal analyzing 
processings is executed: output the previous ou^ut means, 341 denotes ambient noise analyzing means, and 
again (previous value hold^ output a ^>ecified value in 342 denotes filtering means. 

each band; output the same value as the smaller one of Herein, the parts having the same r^erence nnmerals 

the levels of the adjacent band^ output the value one 55 as in Embodiments 4 and 5 operate in the same maimer, 

prescribed value smaller than the previous ou^utted In this embodiment, same as in Embodiment 5» the 

value. sound reprodudng means is a loudspeaker or the like. 

In Embodiment 5, in order to eliminate the effect of and the reproduced sound is picked by the micro- 

the rqxoduced sound signal into the miorophone 311, phone together with the ambient noise. The adaptive 

the outputs oi the FFTs 306 and 314 arc compared by 60 fiHter 317, same as in l&nbodiment 5, receives both the 

the comparator 316. But, ance the sound signal into the ambient noise ^gnal obtained by amplifying and A/D 

microphone 311 propagates through the ^>ace from the converting the output of the microphone 311, and the 

electro-sound converttng means such as loudspeaker sound signal having a correlation as high as possible 

before reaching the microphone 311, there occurs a with the sound signal reproduced by the loudspeaker 

time delay cone^fKmding to the distance between the 65 Qiereinafter referred to as a reference sound agnal; in 

loudspeaker and microphone 311. To avoid the mistake FIG. 18, the output of the D/A converter 305 con- 

of the sound signal for the amlrient noise, it is necessary verted into a digital signal by the A/D converter 319 is 

to compare the levels of the sound signals contained in used as the reference sound signal). The ad^tive filter 
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dll removes the component correlated with the refer- caqiabilities or the like, it is possible to distribute and 

ence sound signal, that is, the rqmxiuced sound compo- process by plural DSPs or microcomputers, 

nent by the Ioud^>eaker from the mixed signal of the In s«ch cases, the A/D converters 313, 318, 319 may 

sound and ambient noise or the like, so as to ou^ut only share a single element. 

the ambient noise. 5 As this invention may be embodied in several forms 

FIG. 19 is a block diagram showing the constitution withom departing firom the spirit of essential character- 

of the adaptive filter 317 m the sixth embodiment of the thereof, the present embodiments are therefore 

invention, in which numeral 323 denotes a variable illustrative and not restricxtive, since the scope of the 

coefficient FIR filter, 324 denotes a subtracter, and 325 invention is defined by tfie appended dahns rather than 

denotes coefficient updatmg means. The adaptive filter ^^th^^escriptKm prccedm 

317 in this constitution is known. TTie subtracter 324 ,^1^^ JSJl^,^'^ ^ 

subtractstherefeiencesoundsignalpassingthraughthe ^5"=^^ 

variablecoeffidentFIRfihersSfr^rmi^ """^is c^^T^ 

?™rJrlr^l 1. An apparatus for automaticaUy controlling a vol- 

^i^^ J^"" coeffiaeut of the vanaWe ame of sound produced by loudspeakers, depending on 

confident FIR filter ^ so as to mnunuze an error the vohmie of ambient noise, comprising: 

signal ou4>utted from the subtracter 324. By this coeffi- a microphone for picking up 2-chami el mixed sounds 

cient updatmg, the variable coefBdent FIR filter 323 mchiding sound produced by the loudspeakers and 

consequently imitates the transmission characteristics of 20 ambient noise; 

the route through the D/A ccmverter to the power adaptive filtering means having varmble filtering 
mnplifier via the output terminal 302, the dectro^cous- coefficients, receiving a same set of 2Kdiannel input 
tic converter such as tibe lond^[>eaker, sound emitted signals that are inputted to the loudspeakers, for 
space, and the microphone (where the sound signal adaptively fiSteering the 2-charmel input signal^ 
obtained from the imcrophone passes after the reference ^ subtracting means for re^>ective]y subtracting out- 
sound signal pickup pointX In other words, the variable ^ ads^ti ve filtering means, corresponding 
confident FIR filter 323 transforms the reference the 2-channel sounds, from the mixed sounds 
sound signal to be equivalent to the sound signal com- including the sounds finom the loudspeakers and the 
ponent contained in the mixed signal of the sound and ambient nois^ 

ambient noise, by convolvmg the characteristic which ^ means, responsive to outputs from the subtracting 

imitates the tranatnisaon characteristic of the route n^ans, forupdatmg the filtering co^ficients <rf the 

fromr^miductiontopidcupofthesoundagnalintothe ^tive filtermg means to minimize the output 

ref^ence sound signaL sign^ from the subtracting mean^ and 

Asmentionedabove, whendetectingthelevelsofthe „ '"^il^^'^^K**'^ ^'^iW'" 

soundsignaland ambientnoisel^fastFouriertran,^ subtractmg 

form, it takes a certain time to obtain die result This 2. An automatic vo W controlling apparatus of 

delay occurs due to analyzmg the data block of a defi^ clahn 1, ftirdier comprismg means for stoK an up- 

mte tnne rdatmg to the frequency resolution. Because date of the filtering co^ficients of the adaptive filtering 

of this delay, die sound is temporarily reproduced at a 40 means when a level of the 2.<Aannel mixed sounds is 

levd higher than necessary, which causes great discom- lower than a reference level. 

fort to listeners. To avoid this, it is proper to delay die 3. An automatic volume controlling apparatus of 

volume control by the time correspoaiding to this d^ec^ claim 1, further comprising means for delaying a start of 

tion delay before the filtering means 342 on the sound volume control after the ad^tive filtering means starts 

signal route. FIG. 20 is a blodc diagram of the constitu- 4S to operate until die ad^tive fiheiing means converges, 

tion with delay means 331 before the filtering means 4. An automatic vohnne controlling apparatus of 

342, and the same parts as in FIG. 18 are identified with claim 1 wherein the means for controlling the volumes 

the same reference numerals and explanations are omit- includes a digital signal processor, 

ted- The delay means 331 gives a agnal to the filtering ^- ^ automatic volunte controlling apparatus of 

means 342 by delaying the timing of die volume control ^ claim 1 wherein the adaptive filtering means includes a 

to prevent die sound from being tenqxirarily repro- processor. 

duced at a higher level than necessary. However since ^ ^ automatic volume controlUng apparatus of 

die dday given by die delay means 331 is equal to die claim 1^ ft»rther comprising: 

time delay occurring in die fihering means 342 is attenuatmg signals picked up by die micnv 

subtracted from the required delay, an extra delav is phoi^ . - , 

In tbe embodiments 4 ttaoi«h<s the FIR accotdnjg to tte voluine of ti^ 

FPT «1K w*.! j-*-^, mvT - 1 '^r:.™" ^ means for htMmg the g^on of the attenuatmg means, 
^ifniirf ^' 8^_«^«»^ 7. An antomatic v«>luiBe CQUtolKng apparatus of 

308. mtojolatoT 309, filtering coeEBoent calculatnig «, claim « wherein the gain holding means holds the gain 
means 310. level detector 315, and adaptive filter 317 even after the power bent off. 
are mentioned as mdependent devices, but the processes g. An automatic vdLnme contrrfling apparatus of 
by those devices may be sequentially executed and pro- claim 6 wherein the gain controlling means includes a 
cessed by the DSP. Beades. if all of the processes can- microcomputer, 
not be executed by a single DSP due to the restriction in 65 • » * • » 
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